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1
INTEGRATED SPEECH INTELLIGIBILITY
ENHANCEMENT SYSTEM AND ACOUSTIC
ECHO CANCELLER

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims priority to U.S. Provisional Patent
Application No. 61/052,553, filed May 12, 2008, the entirety
of which is incorporated by reference herein.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention generally relates to communication
systems used to transmit speech signals. More particularly,
the present invention relates to methods for enhancing the
intelligibility of speech signals received over a communica-
tion network from a far-end telephony terminal for playback
at a near-end telephony terminal.

2. Background

Various background concepts will now be discussed in
reference to an example conventional communication system
100 shown in FIG. 1. Communication system 100 includes a
first telephony terminal 102 and a second telephony terminal
104 that are communicatively connected to each other via one
or more communication network(s) 106. For the purposes of
this example, first telephony terminal 102 will be referred to
as the “near end” of the network connection and second
telephony terminal 104 will be referred to as the “far end” of
the network connection. Each telephony terminal may com-
prise a telephony device, such as a corded telephone, cordless
telephone, cellular telephone or Bluetooth® headset.

First telephony terminal 102 operates in a well-known
manner to pick up speech signals representing the voice of a
near-end user 108 via a microphone 114 and to transmit such
speech signals over network(s) 106 to second telephony ter-
minal 104. Second telephony terminal 104 operates in a well-
known manner to play back the received speech signals to a
far-end user 110 via a loudspeaker 118. Conversely, second
telephony terminal 104 operates in a well-known manner to
pick up speech signals representing the voice of far-end user
110 via a microphone 116 and to transmit such speech signals
over network(s) 106 to first telephony terminal 102. First
telephony terminal 102 operates in a well-known manner to
play back the received speech signals to near-end user 108 via
a loudspeaker 112.

As further shown in FIG. 1, near-end user 108 is using first
telephony terminal 102 in an environment that is subject to
acoustic background noise. When this acoustic background
noise becomes too loud, near-end user 108 may find the voice
of far-end user 110 difficult to understand. This is because
such loud acoustic background noise will tend to mask or
drown out the voice of far-end user 110 that is being played
back through loudspeaker 112 of first telephony terminal 102.
When this occurs, the natural response of near-end user 108
may be to adjust the volume of loudspeaker 112 (assuming
that first telephony terminal 102 includes a volume control
button or some other volume control means) so that the vol-
ume of the voice of far-end user 110 is increased. However, it
is inconvenient for near-end user 108 to have to manually
adjust the volume in this manner; it would be far more con-
venient if first telephony terminal 102 could automatically
adjust the volume to the appropriate level in response to an
increase in acoustic background noise.

Furthermore, although near-end user 108 may increase the
volume of loudspeaker 112, there is typically a limit on how
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much amplification can be applied to the speech signal
received from far-end user 110 before that signal is subject to
digital saturation or clipping. Additionally, even when the
speech signal received from far-end user 110 has been ampli-
fied to a level immediately below which clipping occurs or to
a level at which slight clipping occurs, the speech signal may
still not be loud enough to be intelligible over the acoustic
background noise.

Various techniques have been described in the literature
that can be used to increase the loudness of a speech signal
subject to a magnitude limit (such as amplitude compression)
or to make the speech signal more intelligible. However,
many of these techniques distort the speech signal.

What is needed, therefore, is a speech intelligibility
enhancement (SIE) system and method that improves the
intelligibility of a speech signal received over a communica-
tion network from a far-end telephony terminal for playback
at a near-end telephony terminal when the near-end terminal
is located in an environment with loud acoustic background
noise. The desired SIE system and method should function
automatically without any user input and also achieve
improved intelligibility while minimizing distortion to the
received speech signal.

BRIEF SUMMARY OF THE INVENTION

A speech intelligibility enhancement (SIE) system and
method is described herein that may be used to improve the
intelligibility of a speech signal to be played back by an audio
device when the audio device is located in an environment
with loud acoustic background noise. In an embodiment, the
audio device comprises a near-end telephony terminal and the
speech signal comprises a speech signal received over a com-
munication network from a far-end telephony terminal for
playback at the near-end telephony terminal. The SIE system
is integrated with an acoustic echo canceller and shares infor-
mation therewith.

In particular, a system is described herein. The system
includes estimation logic, a processing module and an acous-
tic echo canceller. The estimation logic is configured to cal-
culate characteristics associated with a near-end speech sig-
nal to be transmitted by an audio device and/or a far-end
speech signal received for playback by the audio device. The
processing module is configured to receive the calculated
characteristics and to modify the far-end speech signal based
on at least the calculated characteristics to increase the intel-
ligibility thereof. The acoustic echo canceller is configured to
receive the calculated characteristics and to suppress acoustic
echo present in the near-end speech signal based on at least
the calculated characteristics.

A method is also described herein. In accordance with the
method, characteristics associated with a near-end speech
signal to be transmitted by an audio device and/or a far-end
speech signal received for playback by the audio device are
calculated. The far-end speech signal is modified based on at
least the calculated characteristics to increase the intelligibil-
ity thereof. Acoustic echo present in the near-end speech
signal is suppressed based on at least the calculated charac-
teristics.

Another system is described herein. The system includes a
first processing module and a second processing module. The
first processing module is configured to receive a portion of a
first speech signal and to modify the portion of the first speech
signal to increase the intelligibility of the portion of the first
speech signal prior to playback thereof, wherein the degree of
modification applied to the portion of the first speech signal is
based on at least an estimated level of background noise. The
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second processing module is configured to receive a portion
of a second speech signal and to modify the portion of the
second speech signal to increase the intelligibility of the
portion of the second speech signal prior to playback thereof,
wherein the degree of modification applied to the portion of
the second speech signal is based on at least the estimated
level of background noise. The system may further include a
combiner that is configured to combine at least the modified
portion of the first speech signal and the modified portion of
the second speech signal to produce an output speech signal
for playback.

An additional method is described herein. In accordance
with the method, a portion of a first speech signal is received.
The portion of the first speech signal is modified to increase
the intelligibility of the portion of the first speech signal prior
to playback thereof, wherein the degree of modification
applied to the portion of the first speech signal is based at least
on an estimated level of background noise. A portion of a
second speech signal is received. The portion of the second
speech signal is modified to increase the intelligibility of the
portion of the second speech signal prior to playback thereof,
wherein the degree of modification applied to the portion of
the second speech signal is based at least on an estimated level
of background noise. The method may further include com-
bining the modified portion of the first speech signal and the
modified portion of the second speech signal to produce an
output speech signal for playback.

A method for updating an amount of gain to be applied to
a first speech signal received for playback by an audio device
is also described herein. In accordance with the method, it is
determined whether a second speech signal to be transmitted
from the audio device constitutes active speech. Responsive
to determining that at least the second speech signal does not
constitute active speech, the amount of gain is reduced in
response to an increase in an estimated level of the first speech
signal and the amount of gain is increased in response to a
decrease in the estimated level of the first speech signal.
Responsive to determining that at least the second speech
signal does constitute active speech, the amount of gain is
reduced in response to an increase in the estimated level of the
first speech signal and the amount of gain is not increased in
response to a decrease in the estimated level of the first speech
signal.

Further features and advantages of the invention, as well as
the structure and operation of various embodiments of the
invention, are described in detail below with reference to the
accompanying drawings. It is noted that the invention is not
limited to the specific embodiments described herein. Such
embodiments are presented herein for illustrative purposes
only. Additional embodiments will be apparent to persons
skilled in the relevant art(s) based on the teachings contained
herein.

BRIEF DESCRIPTION OF THE
DRAWINGS/FIGURES

The accompanying drawings, which are incorporated
herein and form part of the specification, illustrate the present
invention and, together with the description, further serve to
explain the principles of the invention and to enable a person
skilled in the relevant art(s) to make and use the invention.

FIG. 1 is a block diagram of an example conventional
communication system.

FIG. 2 is a block diagram of an example speech intelligi-
bility enhancement (SIE) system in accordance with an
embodiment of the present invention.
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FIG. 3 depicts a block diagram of a high-pass spectral
shaping filter that may be used to implement an SIE system in
accordance with an embodiment of the present invention.

FIG. 4 is a graph showing a family of frequency response
curves for a slowly-evolving spectral shaping filter in accor-
dance with an embodiment of the present invention.

FIG. 5 is a graph showing a family of frequency response
curves for a rapidly-evolving spectral shaping filter in accor-
dance with an embodiment of the present invention.

FIG. 6 depicts a first plot that shows an example male
speech waveform before dispersion filtering and a second plot
that shows the same segment of speech waveform after dis-
persion filtering.

FIG. 7 depicts a first plot that shows an example female
speech waveform before dispersion filtering and a second plot
that shows the same segment of speech waveform after dis-
persion filtering.

FIG. 8 is a block diagram of an automatic gain control
(AGC)/automatic volume boost (AVB)/compression block in
accordance with an embodiment of the present invention.

FIG. 9 is a block diagram of an example SIE system in
accordance with an alternate embodiment of the present
invention.

FIG. 10 is a block diagram of AGC logic that may be used
to implement in an SIE system in accordance with an alternate
embodiment of the present invention.

FIG. 11 is a block diagram that shows a telephony terminal
in which an SIE system in accordance with an embodiment of
the present invention is integrated with a sub-band acoustic
canceller.

FIG. 12 is a block diagram that shows an alternate tele-
phony terminal in which an SIE system in accordance with an
embodiment of the present invention is integrated with a
sub-band acoustic canceller.

FIGS. 13-18 depict flowcharts of various methods for pro-
cessing a portion of a speech signal to be played back by an
audio device in accordance with embodiments of the present
invention.

FIG. 19 depicts a flowchart of a method for operating an
integrated speech intelligibility enhancement system and
acoustic echo canceller in accordance with an embodiment of
the present invention.

FIG. 20 depicts a flowchart of a method for processing first
and second speech signals to produce an output speech signal
for playback in accordance with an embodiment of the
present invention.

FIG. 21 depicts a flowchart of a method for updating an
amount of gain to be applied to a first speech signal received
for playback by an audio device in accordance with an
embodiment of the present invention.

FIG. 22 depicts a waveform plot of an exemplary far-end
speech signal that may be processed by an SIE system in
accordance with an embodiment of the present invention.

FIG. 23 depicts a waveform plot of a first output speech
signal produced by an SIE system in accordance with an
embodiment of the present invention.

FIG. 24 depicts a waveform plot of a second output speech
signal produced by an SIE system in accordance with an
embodiment of the present invention.

FIG. 25 depicts a waveform plot of a third output speech
signal produced by an SIE system in accordance with an
embodiment of the present invention.

FIG. 26 is a waveform plot of an exemplary far-end speech
signal that may be processed by an SIE system in accordance
with an embodiment of the present invention.

FIG. 27 is a waveform plot of exemplary ambient back-
ground noise present in an environment in which a telephony
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device that includes an SIE system in accordance with an
embodiment of the present invention is being used.

FIG. 28 is a waveform plot of an output speech signal
produced by an SIE system in accordance with an embodi-
ment of the present invention responsive to processing the
far-end speech signal depicted in the waveform plot of FIG.
13 and the near-end background noise depicted in the wave-
form plot of FIG. 14.

FIG. 29 depicts waveform plots of audio content presented
to the right and left ear of a user to simulate and illustrate the
effect of a telephony device that does not include an SIE
system in accordance with an embodiment of the present
invention.

FIG. 30 depicts waveform plots of audio content presented
to the right and left ear of a user to simulate and illustrate the
effect of a telephony device that includes an SIE system in
accordance with an embodiment of the present invention.

FIG. 31 is ablock diagram of an example computer system
that may be configured to implement an embodiment of the
present invention.

The features and advantages of the present invention will
become more apparent from the detailed description set forth
below when taken in conjunction with the drawings, in which
like reference characters identify corresponding elements
throughout. In the drawings, like reference numbers gener-
ally indicate identical, functionally similar, and/or structur-
ally similar elements. The drawing in which an element first
appears is indicated by the leftmost digit(s) in the correspond-
ing reference number.

DETAILED DESCRIPTION OF THE INVENTION
A. Introduction

The following detailed description refers to the accompa-
nying drawings that illustrate exemplary embodiments of the
present invention. However, the scope of the present inven-
tion is not limited to these embodiments, but is instead
defined by the appended claims. Thus, embodiments beyond
those shown in the accompanying drawings, such as modified
versions of the illustrated embodiments, may nevertheless be
encompassed by the present invention.

References in the specification to “one embodiment,” “an
embodiment,” “an example embodiment,” or the like, indi-
cate that the embodiment described may include a particular
feature, structure, or characteristic, but every embodiment
may not necessarily include the particular feature, structure,
or characteristic. Moreover, such phrases are not necessarily
referring to the same embodiment. Furthermore, when a par-
ticular feature, structure, or characteristic is described in con-
nection with an embodiment, it is submitted that it is within
the knowledge of persons skilled in the relevant art(s) to
implement such feature, structure, or characteristic in con-
nection with other embodiments whether or not explicitly
described.

A speech intelligibility enhancement (SIE) system and
method is described herein that can be used to improve the
intelligibility of a speech signal received over a communica-
tion network from a far-end telephony terminal for playback
at a near-end telephony terminal. The SIE system and method
is particularly useful in a scenario in which a user of the
near-end telephony terminal attempts to conduct a telephone
call in an environment with loud acoustic background noise,
as described in the Background Section above. Generally
speaking, the SIE system and method, which may be imple-
mented as part of the near-end telephony terminal, monitors
both the speech signal received from the far-end telephony
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terminal and a near-end background noise signal and, based
on both signals, modifies the speech signal to increase the
intelligibility while minimizing the distortion thereof.

In one embodiment, the SIE system and method increases
intelligibility by maintaining a desired minimum signal-to-
noise ratio (SNR) between the speech signal being played
back on a loudspeaker of the near-end telephony terminal and
the ambient background noise. The minimum SNR is deter-
mined such that the speech remains intelligible in the pres-
ence of the ambient background noise.

In a further embodiment, the SIE system and method is
configured to attain the minimum SNR by applying a pure
linear gain to the speech signal received from the far-end
telephony terminal. However, should digital saturation of the
output waveform be reached before the minimum SNR has
been reached, then the SIE system and method performs
amplitude compression to allow greater subsequent amplifi-
cation of lower level segments of the received speech signal.

In accordance with a particular implementation of the SIE
system and method, the performance of amplitude compres-
sion followed by amplification is carried out in such a manner
that digital saturation is impossible. Thus, the system and
method is guaranteed never to saturate and cause clipping of
the speech output signal. As will be described in more detail
herein, this is achieved in part by using a frame-by-frame
instant attack approach to tracking the waveform envelope of
the received speech signal and then using information derived
from such waveform envelope tracking to limit the amount of
gain that may ultimately be applied to the received speech
signal.

In a still further embodiment, the SIE system and method
monitors the degree of amplitude compression and uses this
information as an input (in a feedback manner) to control an
amount of spectral shaping that is applied to the received
speech signal. If no amplitude compression is applied, then
no spectral shaping is applied since the minimum SNR was
attained without amplitude compression. However, if ampli-
tude compression is applied, then this indicates that there was
not enough digital “headroom” to attain the minimum SNR
through the application of a simple linear gain. The applica-
tion of amplitude compression allows for further increases in
loudness, but at some point this technique is also not sufficient
to ensure intelligibility. Hence, at a certain point spectral
shaping is enabled based on the amount of amplitude com-
pression. The amount of amplitude compression can also be
thought of as the amount of linear gain that had to be dis-
carded (on the highest amplitudes), but was required to reach
the minimum SNR. Viewed this way, the amount of amplitude
compression provides a good indicator of the remaining
shortage of intelligibility, which must be provided using dif-
ferent means in order to reach the minimum SNR for intelli-
gibility. Hence, in accordance with this embodiment, the
amount of spectral shaping applied is a function of at least the
amount of amplitude compression that was applied.

In an alternative embodiment, the amount of spectral shap-
ing applied is a function of the amount of digital headroom (or
lack thereof) between the signal level required to achieve the
minimum SNR and the digital saturation point or some other
point at which amplitude compression will be applied. Note
that in additional embodiments, spectral shaping may be
applied to the received speech signal in a manner that is not
dependent on feedback concerning the degree of amplitude
compression or the amount of digital headroom available.

The example SIE system and methods described herein
may advantageously be implemented in a wide variety of
telephony terminals including but not limited to, corded tele-
phones, cordless telephones, cellular telephones, Bluetooth®
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headsets, or any other telephony terminals configured to pick
up and transmit speech signals representative of the voice of
a near-end user to a far-end user and to receive and play back
speech signals representative of the voice of the far-end user
to the near-end user.

B. Speech Intelligibility Enhancement System in
Accordance with an Embodiment of the Present
Invention

FIG. 2 is ablock diagram of an example SIE system 200 in
accordance with one embodiment of the present invention. As
shown in FIG. 2, SIE system 200 includes a spectral shaping
block 202, a dispersion filter 204, a level estimator 206, a
waveform envelope tracker 208, a compression tracker 210,
and an Automatic Gain Control (AGC)/Automatic Volume
Boosting (AVB)/compression block 212. AGC/AVB/com-
pression block 212 includes AGC logic 222, AVB logic 224,
and compression logic 226.

Generally speaking, the components of example SIE sys-
tem 200 operate together to improve the intelligibility of a
speech signal received over a communication network from a
far-end telephony terminal (referred to herein as the “far-end
speech signal”) for playback by a near-end telephony termi-
nal of which SIE system 200 is a part. In FIG. 2, the far-end
speech signal is denoted “Receive-in.” This signal may be
received from another component in the telephony terminal.
For example, the far-end speech signal may be received from
a buffer that stores digital samples produced by an audio
decoder within the telephony terminal. The audio decoder in
turn may produce the digital samples by decoding an encoded
bit stream transported over a communication network. The
output of SIE system 200 is the modified far-end speech
signal, denoted “Receive-out” in FIG. 2, which is provided
directly or indirectly to a loudspeaker for playback to a user.

Certain components of system 200 will now be briefly
described and additional details about each component will
be provided in the sub-sections below.

AGC logic 222 is configured to compensate for variations
in the level of the far-end speech signal. For example, such
variations may be due to variation of network connections,
acoustic coupling, or the like. AGC logic 222 calculates a gain
scaling factor that, when applied to the far-end speech signal,
brings the far-end speech signal to a nominal signal level.

AVB logic 224 is configured to automatically boost the
level of the far-end speech signal to maintain at least a mini-
mum SNR as the level of near-end background noise
increases. In particular, AVB logic 224 is configured to main-
tain at least a predetermined minimum far-end speech signal
to near-end noise ratio by calculating an additional gain to be
applied to the far-end speech signal if the level of the near-end
background noise is such that the level of the far-end speech
signal after AGC yields an SNR below the predetermined
minimum SNR.

Level estimator 206 is configured to determine an esti-
mated level of the far-end speech signal and to provide this
information to AGC logic 222 and AVB logic 224 for use in
performing gain calculations.

Compression logic 226 is configured to apply a time-vary-
ing gain to the far-end speech signal that allows for applica-
tion of the full AVB gain to attain the desired minimum SNR
without digital saturation or clipping of the output signal. In
determining the time varying gain, compression logic 226
takes into account all the gains to be applied to the far-end
speech signal before playback (for example, user volume
gain, echo suppression gain, or the like). In one implementa-
tion, a single gain is applied to the far-end speech signal to
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achieve the intended effect while in an alternate implemen-
tation a separate gain is applied by each of AGC logic 222,
AVB logic 224 and compression logic 226 in order to achieve
the intended effect.

Generally speaking, compression logic 226 operates by
applying more attenuation to larger waveform peaks than to
lower peaks. Effectively, compression logic 226 boosts the
low-amplitude regions of the far-end speech signal when
AVB logic 224 cannot maintain the intelligibility of the far-
end speech signal without causing saturation. In particular,
compression logic 226 applies smaller gains to the high-
amplitude regions of the far-end speech signal and larger
gains to the low-amplitude regions. This has the effect of
compressing the high-amplitude regions relative to the low-
amplitude regions, thus the name. Such amplitude compres-
sion may be simply referred to as “compression” elsewhere in
this document as shorthand. In effect, compression logic 226
amplifies the low-amplitude regions relative to the high-am-
plitude regions without exceeding the digital saturation level,
and therefore has the effect of increasing the loudness of the
far-end speech signal without introducing digital saturation.

Waveform envelope tracker 208 is configured to perform
waveform envelope tracking on the far-end speech signal and
to provide waveform tracking information to AGC/AVB/
compressor block 212 that can be used by that block to deter-
mine exactly how much headroom there is to digital satura-
tion in the far-end speech signal prior to modifying it.

Dispersion filter 204 is configured to reduce a peak-to-
average ratio of the waveform samples of the far-end speech
signal so that the filtered speech signal has smaller peak
values and thus allows more headroom for AVB logic 224 to
boost the far-end speech signal without introducing digital
saturation. In an exemplary embodiment of the present inven-
tion, dispersion filtering is achieved using an all-pass filter.
Such an all-pass filter can be either fixed or adaptive. A fixed
all-pass filter is lower in complexity but can achieve only a
smaller reduction of the magnitude peak of the far-end
speech. Conversely, an adaptive all-pass filter has higher
complexity but also has the potential to achieve a larger
reduction of the magnitude peak.

Spectral shaping block 202 is configured to boost certain
local peaks of the spectral envelope (called “formants™) of the
far-end speech signal above the near-end noise floor to make
the far-end speech signal more intelligible. In particular,
spectral shaping block 202 is configured to boost certain
formants of the far-end speech signal above the spectral val-
ues of the near-end noise at corresponding frequencies. In
trying to understand spoken speech, humans normally rely on
recognizing the frequencies of the speech formants. There-
fore, by boosting certain formants of the far-end speech signal
above the noise floor, spectral shaping block 202 makes the
far-end speech more intelligible. In one embodiment, the
second and third formants of the far-end speech signal are
boosted relative to the first formant since the second and third
formants are more important from the perspective of speech
intelligibility than the first formant.

In one exemplary embodiment of the present invention,
spectral shaping is implemented by adaptive high-pass filter-
ing. For example, such adaptive high-pass filtering may be
used to boost the second and third formants of the far-end
speech signal relative to the first formant, since the second
and third formants are located at higher frequencies than the
first formant. The degree of high-pass filtering may depend on
the far-end speech as well as the near-end noise. The high-
pass filter may consist of a single-stage filter or multiple
stages of filters, where different stages have different adapta-
tion characteristics. For example, the high-pass filter may
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contain two stages of high-pass filters, with a slowly-evolving
first stage having a long adaptation time constant and a rap-
idly-evolving second stage having a relatively short adapta-
tion time constant.

In accordance with one implementation of SIE system 200,
the signal processing techniques performed by AGC logic
222, AVB logic 224, compression logic 226, dispersion filter
204 and spectral shaping block 202 are applied one-by-one in
a specific sequence so as to minimize the distortion intro-
duced to the far-end speech signal, with each new technique
being applied only when necessary. For example, AGC may
first be applied by AGC logic 222 to bring the far-end speech
to a nominal level. If the background noise level is low, AGC
may be the only technique applied. As the background noise
level increases, AVB may be applied by AVB logic 224 to
increase the volume of the far-end speech signal. As the
background noise level increases further, compression may
then be applied by compression logic 226 to further boost the
low-amplitude regions of the far-end speech signal if AVB is
not sufficient to maintain the intelligibility of the far-end
speech signal. As the background noise level increases even
further, dispersion filtering can be applied by dispersion filter
204 to reduce the peak-to-average ratio of the far-end speech
signal, thereby providing additional headroom for perform-
ing AVB. If the background noise is so loud that the above
four techniques are not sufficient, spectral shaping can then
be applied by spectral shaping block 202 to further enhance
the speech intelligibility by exploiting the properties of
human perception.

With further reference to the foregoing example imple-
mentation, AGC and AVB are applied first since those tech-
niques hardly introduce any distortion to the far-end speech
signal. Compression however can make speech sound slightly
unnatural due to the compression of natural dynamic range,
and dispersion filtering may introduce a slight distortion to
the speech; therefore, these two techniques are applied only
when AGC and AVB alone cannot provide sufficient intelli-
gibility of the far-end speech signal. Finally, depending on the
telephony terminal, spectral shaping may make the most dra-
matic and audible modification of the far-end speech signal
and thus this technique is only applied when the above four
techniques do not provide sufficient intelligibility of the far-
end speech.

In alternate implementations, exceptions to this approach
may be made. For example, in certain embodiments tech-
niques that increase distortion in a traditional sense are
applied before the amount of linear gain that may be applied
without reaching digital saturation has been exhausted. One
example of such an embodiment is an embodiment that limits
high waveform amplitudes below a maximum digital ampli-
tude to protect the auditory system of a user from exposure to
uncomfortable, or possibly, damaging signal levels.

Each of the foregoing components of system 200 and the
manner in which such components operate to implement
aspects of the present invention will now be described. In the
following description, it is assumed that the speech signal
being processed comprises a series of digital samples and that
the series of digital samples is divided into discrete time
segments termed frames. In the description, individual frames
are referred to by a frame counter, wherein a frame counter k
generally refers to the frame currently being processed and
frame counter k-1 refers to the immediately previous frame.

It should be understood that while most of the algorithm
parameters given below are specified assuming a sampling
rate of 8 kHz for telephone-bandwidth speech, persons skilled
in the relevant art(s) should have no problem extending the
techniques presented below to other sampling rates, such as
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16 kHz for wideband speech. Therefore, the parameters
specified are only meant to be exemplary values and are not
limiting.

1. Spectral Shaping Block 202

In SIE system 200, spectral shaping block 202 is config-
ured to receive the far-end speech signal (shown as “Receive-
in” in FIG. 2) and to apply spectral shaping thereto in a
manner that is controlled by feedback from compression
tracker 210. As will be described in more detail below, such
spectral shaping may include both slowly-evolving and rap-
idly-evolving spectral shaping filters, wherein the combina-
tion offers the advantage of not having to drive either filter too
hard.

Spectral shaping block 202 is configured to boost certain
formants of the far-end speech signal above the near-end
noise floor so that they can be recognized by the near-end
telephony terminal user and thus help that user understand the
speech. Since the far-end speech signal is changing with time,
such spectral shaping is preferably adaptive in order to
increase effectiveness. Also, to avoid introducing distortion,
such spectral shaping is preferably evolved in a smooth man-
ner.

One possible manner of performing such spectral shaping
is to perform spectral analysis followed by synthesis. This
may be accomplished by using a Fast Fourier Transform
(FFT) and inverse FFT, or using sub-band analysis and sub-
band synthesis. For example, with FFT or sub-band analysis
of both the far-end speech and the near-end noise, a determi-
nation can be made as to whether the formants of the far-end
speech signal are below the noise floor. If so, those spectral
components of the far end speech signal around the formants
are boosted (i.e., a gain is applied) such that they are at least
Y dB above the noise floor, where Y is determined and tuned
empirically. Then, the modified frequency-domain represen-
tation of the far-end speech is converted back to a time domain
signal.

Although the foregoing method allows for precise control
of'the SNR at each formant frequency, one drawback of the
method is that it requires significant complexity. In an exem-
plary embodiment of the present invention, the spectral shap-
ing is achieved with very-low-complexity time-domain filter-
ing using a low-order high-pass filter. The use of such a
high-pass filter achieves two goals. First, it helps to boost the
second and third formants of the far-end speech signal. The
second and third formants are more critical to speech intelli-
gibility and are often much lower in intensity as compared
with the first formant and thus are frequently buried under the
noise floor when in a noisy environment. Second, it attenuates
the first formant around or below 500 Hz, which normally
dominates the energy content of the voiced speech signal and
which often overloads the tiny loudspeakers used in many
telephony devices. By attenuating the first formant relative to
the second and third formants, the high-pass filter allows
more energy that is useful for intelligibility to be emitted from
such tiny loudspeakers before overloading them.

In one embodiment of the present invention, the high-pass
spectral shaping filter consists of two cascaded filters: a
slowly-evolving spectral shaping filter and a rapidly-evolving
spectral shaping filter, each of which is controlled by different
adaptation mechanisms. FIG. 3 depicts a block diagram of
such a high-pass spectral shaping filter 300. As shown in FIG.
3, the high-pass spectral shaping filter 300 consists of a
slowly-evolving spectral shaping filter 302 and a rapidly-
evolving spectral shaping filter 304.
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In accordance with one implementation, slowly-evolving
spectral shaping filter 302 has the form of

x()=ry,(0)=bery,(n=1), M

where x(n) is the output, r,,(n) is the input, and b is the filter
coefficient. The filter coefficient is determined according to a
table lookup
b=b,,[idx], @
where the table can be
bl 1-{0.0,0.1,0.2,0.3,0.4,0.5,0.6,0.7,0.8}, 3)

and the index is determined according to

. min(Viss(k = 1), mxVioss) )
in which N, is the table size, e.g., N, =9 above, V,, (k-1)

the smoothed volume loss (or loss in headroom) due to com-
pression applied by compression logic 226 as tracked by
compression tracker 210, and mxV,. is a smoothed volume
loss at which maximum slowly varying spectral shaping is
applied, e.g., mxV,  =27.

The frequency response of the filters given by the coeffi-
cients in Eq. 3 and the filter of Eq. 1 are shown in graph 400
of FIG. 4. As can be seen, the filters will generally attenuate
the first formant while amplifying formants 2 and above,
thereby increasing intelligibility. In a possible configuration
for wideband speech where this filter is applied to the 0-4 kHz
band, a constant gain can be applied to the 4-8 kHz band to
prevent a spectral discontinuity at 4 kHz, and instead facilitate
a continuous full-band modification of the signal. The gain
for the 4-8 kHz band would depend on the filter coefficient.
The gains corresponding to the filter coefficients of Eq. 3 are
{1.0,11,12,13,14,1.5,1.6,1.7,1.8}.

In one implementation, rapidly-evolving spectral shaping
filter 304 includes two control parameters. The first control

parameter is given by
ratio=1-10( Vioss(k=1)/20)

®

where a is a control parameter, e.g. a=0.375. The second
control parameter is given by

o - Ttk D) ©
M vk 0

where

Foml(k, m) = A-rgy(k =1, m) + (1 = A) - reo,(m) @]

The smoothing constant A can have a value of 0.75, for
example. In the equation the auto correlation is calculated as

N—m

Fearm) = 3 rin(m)-rin(n —m)

n=0

®

where N is the frame size, e.g. 40 samples, corresponding to
5 ms at 8 kHz. The final filter coefficient of rapidly evolving
spectral shaping filter 304 is given by

c=max(y-tho-ratio,0),

©

where v controls the maximum filter coefficient, e.g. y=0.75.
The filter equation for the rapidly evolving spectral shaping is
given by

y(a)=xm)-cx(n-2)-cy(n-1). (10)
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In accordance with the foregoing, rapidly-evolving spec-
tral shaping filter 304 is a second-order pole-zero high-pass
filter having one pole and two zeros, with a transfer function
of

1-c72 (1

Hoe(@) = o

where c is the single parameter that controls the shape of the
frequency response of the filter. The family of frequency
response curves for different values of ¢ is plotted in graph
500 of FIG. 5. This filter is designed to be totally controlled by
a single parameter c. This makes it simple to implement and
to adapt from frame to frame.

Rapidly-evolving spectral shaping filter 304 is designed to
have relatively sharp attenuation at or below about 500 Hz,
where the first formant of voiced speech usually is. Also, it
boosts the second and third formants relative to the first
formant. This filter is also designed to have exactly the same
magnitude response value of 0 dB at half the sampling fre-
quency. This makes it easier to achieve a seamless transition
to a higher band when using a split-band system in wideband
applications. In other words, a high band filter can always
start at 0 dB no matter what the value of the filter control
parameter c is, and the corresponding composite magnitude
response will always be continuous at the band boundary of
the low band (where this filter is) and the high band.

Another important feature is that at frequencies above 3400
Hz, the magnitude responses in FIG. 5 always go down
toward 0 dB. This arrangement has the desirable effect of not
excessively amplifying the potential noise in the far-end
speech signal in the stop band of 3400 to 4000 Hz.

Slowly-evolving spectral shaping filter 302 and rapidly-
evolving spectral shaping filter 304 can be combined into a
single spectral shaping filter, if desired, by convolving the
filter response of slowly evolving spectral shaping filter 302
with the zero section of rapidly evolving spectral shaping
filter 304, and maintaining the pole section of rapidly evolv-
ing spectral shaping filter 304.

Note that in the specific implementation discussed above,
the operation of slowly-evolving spectral shaping filter 302
and rapidly-evolving spectral shaping filter 304 is controlled,
in part, by V,, .. (k=1), which is the smoothed volume loss (or
loss in headroom) resulting from compression applied by
compression logic 226 and fed back by compression tracker
210. The smoothed volume loss provides an indication of the
remaining shortage of intelligibility in the far-end speech
signal after the application of compression thereto. This
shortage must be compensated for using different means in
order to reach a minimum SNR for intelligibility. Hence, in
accordance with this embodiment, the amount of spectral
shaping applied is a function of the smoothed volume loss.

However, the present invention is not limited to this
approach and spectral shaping may be applied to the far-end
speech signal in a manner that is not controlled by the
smoothed volume loss or by any other measurement of the
degree of compression applied to the far-end speech signal by
compression logic 226. Furthermore, although spectral shap-
ing is described herein as one of a plurality of techniques used
for performing SIE, persons skilled in the relevant art(s) will
appreciate that spectral shaping alone can be used to enhance
speech intelligibility.

2. Dispersion Filter 204

As shown in FIG. 2, dispersion filter 204 may be inserted
after spectral shaping block 202 but before an input level
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estimator 206. Depending upon the implementation, disper-
sion filter 204 could also be merged with the spectral shaping
filter(s) in spectral shaping block 202 to form a single filter, or
it could be moved ahead of spectral shaping block 202.

The function of dispersion filter 204 is to reduce the peak-
to-average ratio for waveform sample magnitudes of the far-
end speech signal. One way to measure the “average” is the
Root-Mean-Square (RMS) value that is well-known in the
art. Some of the speech vowel signals are fairly “peaky”—
that is, they have a high peak-to-RMS ratio. In this case, such
speech signals cannot be amplified to a very loud level before
the waveform peaks are clipped at digital saturation level.
Dispersion filter 204 can “disperse” or effectively smear out
such waveform peaks so that the energy of the waveform peak
is more evenly distributed across the time axis after such
filtering. When it achieves this, the peak-to-RMS ratio is
reduced. In other words, for the same RMS value or energy
level, the waveform magnitude peak is reduced, leaving more
“headroom” to digital saturation for AVB logic 224 to utilize.
The waveform can then be amplified more before clipping
occurs, and this will boost the effective volume of the far-end
speech signal and enhance the speech intelligibility. Gener-
ally speaking, if dispersion filter 204 can reduce the peak-to-
RMS ratio by X dB and if AVB logic 224 can fully utilize this
additional X dB of headroom, then after application of AVB
the output signal level will be X dB higher without clipping.

There are many ways to perform dispersion filtering. Since
one of the objectives of the SIE system and method is to
minimize the distortion introduced to the far-end speech sig-
nal, an exemplary embodiment of the present invention uses
an all-pass filter as the dispersion filter, because an all-pass
filter has a completely flat magnitude frequency response of
value 1 and thus does not introduce any magnitude distortion
whatsoever. The only distortion it can introduce is phase
distortion, but human ears are generally not very sensitive to
phase distortion.

Since the magnitude frequency response of an all-pass
filter has value 1 for all frequencies, the input signal and the
output signal of an all-pass filter have exactly the same RMS
value. Therefore, with all-pass filtering, minimizing the peak-
to-RMS ratio is exactly the same as minimizing the waveform
peak value.

As is well-known in the art, an all-pass filter is a pole-zero
filter with the numerator polynomial and denominator poly-
nomial of its transfer function sharing the same set of poly-
nomial coefficients except with the order reversed. With
proper design, even a fixed 6”-order all-pass filter can pro-
vide on average nearly 2 dB of reduction in the peak-to-RMS
ratio of high-magnitude speech vowel signals. An example
transfer function of such a fixed 6#-order all-pass filter opti-
mized for 8 kHz sampled speech is given below.

as + asz’l + a4z’2 + a3z’3 + azz’4 + alz’s +7° (12)

H(z) =
@=17 az  +axzt +aszd vt +aszS +agz 0

The filter coefficients may be, for example, o,=-1.787,
,=2.432, 0,=-2.565, a,=2.171, 0,s=—1.408, 0,=0.699. An
exemplary embodiment of the present invention can use such
a fixed all-pass filter. Using such a fixed all-pass filter has the
advantage of relatively low complexity.

It is also possible to make the all-pass filter adaptive to
achieve more waveform peak reduction, albeit at the cost of
higher complexity. The poles and zeros of the all-pass filter
can be adapted according to the local characteristics of the
speech waveform so as to maximize the reduction of the
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waveform peak magnitude. In addition, just as the smoothed
volume loss, V, .. (k), can be used to control the spectral
shaping filter(s) in spectral shaping block 202, V, . (k) can
also be used to control an adaptive all-pass filter. For example,
similarly to how the spectral shaping is gradually increased
by an increasing V,, (k), the amount of dispersion can be
gradually increased by an increasing V. (k). This can be
achieved by mapping the V,,_(k) to a scaling factor that is
applied to the radii of the poles of the dispersion filter. The
mapping maps a low V. (k) to a scaling factor close to zero
(effectively disabling dispersion), and a high V, (k) to a
scaling factor close to one (allowing full dispersion). The
usage of V, (k) to control the dispersion is shown by the
dashed line connecting compression tracker 210 to dispersion
filter 204 in FIG. 2.

The effect of all-pass dispersion filtering is illustrated in
FIG. 6, where an example male speech waveform before the
dispersion filtering is shown in an upper plot 602, and the
same segment of speech waveform after dispersion filtering is
shown in a lower plot 604. The two horizontal dashed lines
represent the lines corresponding to zero signal magnitude for
these two waveforms, respectively. Note that the two wave-
forms have identical energy values and even sound essentially
the same, because the dispersion filter used was an all-pass
filter.

It can be seen from FIG. 6 that the waveform in upper plot
602 has about five periods of nearly periodic pitch cycle
waveform, where each period has a sharp negative peak. After
all-pass dispersion filtering, these sharp negative peaks were
spread out into many smaller peaks, and the maximum signal
magnitude is reduced in the process. Specifically, the speech
waveform in upper plot 602 has the largest negative peak in
the middle of the plot with a magnitude of 8822 in a 16-bit
linear PCM representation. After all-pass dispersion filtering,
the filter output signal in lower plot 604 has a maximum
magnitude of 4544. This represents a peak magnitude reduc-
tion of 5.76 dB. In the ideal situation in which AVB logic 224
can fully utilize this reduced peak magnitude (i.e. increased
“digital headroom™), AVB logic 224 can boost the intensity of
the signal in the lower plot 5.76 dB more than it can boost the
intensity of the signal in the upper plot before reaching the
digital saturation level. Therefore, in this example of FIG. 6,
compared with the unfiltered signal shown in plot 602, the
signal after dispersion filtering shown in plot 604 can be
boosted to be 5.76 dB higher in intensity in an ideal situation.

A similar waveform plot for an example female speech
signal is shown in FIG. 7. In particular, an example female
speech waveform before dispersion filtering is shown in an
upper plot 702, and the same segment of speech waveform
after dispersion filtering is shown in a lower plot 704. In this
case, the sharp positive waveform peaks in upper plot 702
were reduced in lower plot 704, and the all-pass filter reduced
the peak magnitude by 4.44 dB. In both FIG. 6 and FIG. 7, a
6”-order all-pass filter optimized for that segment of speech
signal was used.

Through experiments, it was found that the optimal all-
pass filter for a given frame of voiced speech signal usually
has its poles and zeros located near but not exactly at the
speech formant frequencies. (Here “optimal”is in the sense of
minimizing the peak-to-RMS ratio, or equivalently, minimiz-
ing the waveform peak magnitude.) Also, it was found that the
degree of waveform peak reduction is controlled by how close
the poles (and the corresponding zeros) of the all-pass filter
are to the unit cycle. As the radii of the poles approach the
range of 0.90 to 0.95, large waveform peak reduction can be
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achieved. On the other hand, as the radii of the poles
approaches zero, the effect of all-pass filtering gradually
diminishes.

Based on such an observation, an exemplary embodiment
of the present invention employs an adaptive all-pass filter
where the radii of its poles are set at or near zero during
silence regions of the far-end speech signal and are adapted
toward the range 0f0.90 to 0.95 during high-magnitude vowel
regions. Also, at or near the beginning of a voiced region of
the far-end speech signal, the frequencies (or equivalently,
polar angles) of the poles of the adaptive all-pass filter are set
to the pole frequencies of an optimal fixed all-pass filter, such
as the 6™-order fixed all-pass filter shown above. Then, during
the syllable of that vowel sound, the pole frequencies are
adapted frame by frame to try to maintain near optimality by
tracking the change in that vowel speech signal. One example
way of performing such tracking is to estimate the formant
frequencies and then use such formant frequencies to guide
the adaptation of the pole frequencies of the all-pass filter
(with the corresponding changes to the frequencies of the
7eros).

The estimate of formant frequencies need not be very accu-
rate, and certainly not to the same degree of accuracy required
by some formant-based speech synthesis systems. Basically,
in terms of minimizing the waveform magnitude peak, what
matters is the relative phase relationship between pitch har-
monics near prominent peaks of the spectral envelope of the
speech signal. Therefore, even a crude estimation of rough
formant frequencies based on picking frequencies of spectral
peaks in the frequency response of a short-term predictive
synthesis filter (often called the “LPC filter” in speech coding
literature) will suffice.

In addition to (or in place of) such guidance from estimated
formant frequencies, one can also use a closed-loop pole
frequency search to find the optimal pole frequencies and to
guide the adaptation of such pole frequencies. It was found
that when an all-pass filter is used, the pole frequencies can-
not change too much from frame to frame, otherwise there
will be a significant difference in the group delays of the
filtered signals in the adjacent frames which will cause an
audible waveform disturbance. To minimize the possibility of
such distortion, the closed-loop pole frequency search limits
this search range to be in the neighborhoods of the previous
pole frequencies. It was found that a frequency resolution of
5 to 10 Hz is sufficient to achieve most of the magnitude peak
reduction. Therefore, a few pole frequency candidates, which
are in the neighborhood of the pole frequencies used in the
last frame and which are 5 to 10 Hz away from each other, are
tried, and the set of pole frequencies achieving the maximum
waveform peak reduction subject to a constraint of tracking
the formant trajectory is selected as the winner for the current
frame, and the all-pass filter is constructed from this set of
pole frequencies and a given set of default pole radii.

Inthe example all-pass filters described above, a filter order
of 6 was used because that gives three pole pairs (and the
corresponding three zero pairs), which are sufficient to track
the first three formants in speech signals that account for most
of the speech energy. During the search of the optimal pole
frequencies for the adaptive all-pass filter, it is advantageous
in terms of computational complexity to search one pole pair
atatime. For example, the frequency of the first pole pair can
be searched in the frequency range of the first speech formant
(typically 270 to 730 Hz) using a frequency grid of 5 to 10 Hz.
After the frequency of the first pole pair that minimizes the
waveform peak magnitude is identified, with the first pole pair
fixed at that optimal frequency and with the effect of the first
pole pair taken into account, the frequency of the second pole
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pair can then be searched in the frequency range of the second
speech formant (typically 840 to 2290 Hz). Similarly, after
the optimal frequency of the second pole pair is also identified
and the effect of the optimal second pole pair taken into
account, the frequency of the third pole pair can be searched
in the frequency range of the third speech formant (typically
1690 to 3010 Hz). It is also possible to do joint optimization
of the frequencies of the pole pairs. Although it has a higher
complexity, an adaptive all-pass filter has the potential of
achieving significantly more waveform peak reduction than a
fixed all-pass filter.

Besides a fixed all-pass filter and a fully adaptive all-pass
filter, a third possible implementation for dispersion filter 204
is a switched-adaptive all-pass filter, which achieves a com-
promise between a fixed all-pass filter and a fully adaptive
all-pass filter in terms of complexity and performance. In a
switched-adaptive all-pass filter, a collection of N all-pass
filter candidates are carefully pre-designed and optimized.
Then, in actual filtering, each of the N filter candidates is tried,
and the system identifies the filter candidate that minimizes
the speech waveform peak magnitude while also satisfying
the constraint that the differences between the pole locations
(or group delays) of filters in adjacent frames are below
pre-set thresholds. Simulations have shown that such a
switched-adaptive all-pass filter can achieve significant
improvement in waveform peak magnitude reduction over a
fixed all-pass filter while also avoiding the waveform distor-
tion due to significant difference between group delays of the
filter output signals of adjacent frames.

3. Level Estimator 206

In SIE system 200, level estimator 206 is configured to
perform level estimation on the signal output from dispersion
filter 204 (i.e., the far-end speech signal after spectral shaping
and dispersion filtering have been applied thereto). However,
depending upon the implementation, the level of the original
far-end speech signal input to spectral shaping block 202 can
instead be estimated, or level estimation can be performed on
both the signal input to spectral shaping block 202 and the
signal output from dispersion filter 204. However, for com-
plexity considerations it may be desirable to perform level
estimation on only one of the signals, and in practice SIE
system 200 will perform satisfactorily when level estimation
is performed only on the output of dispersion filter 204. As
shown in FIG. 2, in one embodiment, another component
within the telephony device in which SIE system 200 is
implemented provides a measure of voice activity in the
receive-in signal as input to level estimator 206. For example,
the other component may be a sub-band acoustic echo can-
celler (SBAEC). The measure of voice activity can be imple-
mented in many ways. One example is to count the number of
sub-bands where the energy significantly exceeds the noise
floor.

4. Waveform Envelope Tracker 208

Waveform envelope tracker 208 is configured to perform
waveform envelope tracking on the signal output from dis-
persion filter 204 (i.e., the far-end speech signal after spectral
shaping and dispersion filtering have been applied thereto)
and to provide waveform tracking information to AGC/AVB/
compressor block 212. This allows AGC/AVB/compressor
block 212 to determine exactly how much headroom there is
to digital saturation in the signal prior to modifying it. In one
embodiment, waveform envelope tracker 208 is configured to
calculate the maximum absolute amplitude of the signal
waveform in the current frame, e.g. 5 milliseconds (ms). In
further accordance with this embodiment, waveform enve-
lope tracker 208 also maintains a buffer of the maximum
absolute amplitudes of the past two 5 ms frames. This allows
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waveform envelope tracker 208 to calculate the maximum
absolute amplitude of the signal waveform over the past 15
ms. The intent in covering 15 ms is to make sure that at least
one pitch period is considered in the maximum. For some
talkers of particular low pitch frequency it may be advanta-
geous to increase this value from 15 ms to a larger value. In
accordance with this embodiment, waveform envelope
tracker 208 calculates the waveform tracking information as

mx(k)=max[¢$,15/16-mx(k-1))],

where k is the frame counter and ¢ is the maximum absolute
amplitude of the signal waveform over the past 15 ms. Effec-
tively, this embodiment of waveform envelope tracker 208
provides instant attack and exponential decay.

5. AGC/AVB/Compressor Block 212

FIG. 8 is a block diagram that depicts AGC/AVB/compres-
sion block 212 of FIG. 2 in more detail in accordance with an
embodiment of the present invention. The manner in which
this particular embodiment of AGC/AVB/compression block
212 operates will now be described. It is noted that all gain
and volume arithmetic described in this section is carried out
in the log domain.

First, AGC logic 222, if enabled, calculates a logarithmic
AGC gainto bring the input signal (i.e., the signal output from
dispersion filter 204) to a predefined nominal level:

Ga6c=Luom=Lrs (14)

nom

where L,,,,, is the predefined nominal level and Ly is the
estimated input level as provided by level estimator 206. In
one embodiment, G, is subject to a minimum and maxi-
mum, e.g. -20 dB and +20 dB. An alternate implementation
of this AGC logic is described below in Section D.
Subsequently, AVB logic 224 calculates the receive-to-

ambient-background-noise ratio after AGC as

R2Snoise=default_volume+G 4Gc+Lg+C-L,oises

s)
where default_volume is a constant representing a volume
providing a comfortable listening level in quiet conditions,
Lg,0:50 15 the estimated ambient noise level, and C is a cali-
bration term to ensure that R2Snoise reflects what the user is
experiencing. In one embodiment, the parameter L, ,  may
be provided from another component within the telephony
device in which SIE system 200 is implemented. For
example, the other component may be a sub-band acoustic
echo canceller (SBAEC).
AVB logic 224 then calculates the target AVB gain as

(16)
TR2Snoise —

0 R2Snoise > TR2Snoise
TGavp =
min|
R2Snoise, mxG 4yp

otherwise,

where TR2Snoise is the minimum target SNR between
speech and ambient background noise, and mxG ;5 is a
maximum allowable AVB gain, e.g. 20 dB. In order to change
the AVB gain gradually, in one embodiment it is constrained
to change in small step sizes, and the actual AVB gain is
calculated as

GAVB(k—1)+A TGAVB >GAVB(/(—1)+A
Gayplk —1)=A TGayp <Gayplk—1)-A
Gayplk —1)

an

Gayglk) =
otherwise,

where A is the step size, e.g. 1 dB.
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With respect to the minimum target SNR, in practice a
value of 15 dB may work in an embodiment in which the
telephony terminal is a hanging style Bluetooth® headset.
However, it is anticipated that the specific value will depend
somewhat on the actual telephony terminal implementation.
For example, an alternative Bluetooth® headset having an
in-ear style speaker that provides a good acoustic seal will
prevent some of the ambient background noise from reaching
the auditory system of the user. In that case, a lower minimum
SNR such as 6 dB may work. If the attenuation by the seal is
accounted for in the calculations in the algorithm, e.g. the
SNR is specified at the point of the ear drum, then the desired
minimum SNR should be more device independent. How-
ever, in practice it may not be simple to account for such
factors as the seal.

The receive-signal-to-ambient-background-noise ratio is a
key parameter that is monitored by SIE system 200. Note that
the far-end speech signal and the near-end noise are two
different signals in two different domains. Even for the same
far-end speech signal level as “seen” by SIE system 200,
different loudness levels may be perceived by the user of the
near-end telephony terminal depending on the gain applied to
the speech signal before playback, the loudspeaker sensitiv-
ity, and a number of other factors. Similarly, even for the same
near-end background noise level in the acoustic domain, SIE
system 200 may see different noise levels depending on the
microphone sensitivity, the gain applied to the microphone
signal, or the like. Therefore, it is anticipated that for each
type of telephony terminal, some calibration will be needed
so that the predetermined SNR target as measured by the SIE
system and method makes sense.

After the actual AVB gain has been calculated, AVB logic
224 then calculates the desired total gain as

Gesirea=volume+G 4.+ Gapp,

(18)

where volume is the user volume of the telephony terminal
(set by the user). Depending upon the implementation, there
could be an additional term corresponding to a loss dictated
by an echo suppression algorithm. This term is shown as
“receive suppression” in FIGS. 2 and 8 and may be received,
for example, from a sub-band acoustic echo cancellation
(SBAEC) component or other component within the tele-
phony device.

Compression logic 226 then computes the final gain,
wherein the final gain represents any compression that will be
applied. The instant attack of the waveform envelope tracking
as described above in reference to Eq. 13 taken together with
the following gain calculations essentially guarantees that
saturation and clipping will never occur.

To compute the final gain, compression logic 226 first
calculates a compression point, C,, relative to maximum digi-
tal amplitude in a manner that is adaptive and that takes into
account the user volume and a calibration value for a “nomi-
nal” user (at a nominal listening level in quiet):

C,=max|C,

pdefardt_volume
volume),0],

+(default_volume-—
19

where C, z.z..u¢ vorme 18 the compression point at a user vol-

ume of default_volume. One can think of C,, ;.. vorume 88
the maximum comfortable waveform level for a user that
would use default_volume in quiet.

This adaptive approach to determining the compression
point advantageously allows the compression point to move
up and down with the user volume. For example, a compres-
sion point of 6 dB means that compression logic 226 will limit
the waveform amplitude to 6 dB below maximum digital
amplitude. For a user who prefers and uses a higher volume
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compared to another user, this means that compression point
will be closer to maximum digital amplitude, and hence the
signal will compressed at a higher level allowing higher
waveform levels. For a user with a 3 dB louder volume set-
ting, the compression will occur at a waveform amplitude that
is 3 dB higher.

In further accordance with this approach, the waveform
amplitude will be limited by compression logic 226 to a level
that is below the maximum digital amplitude, and hence the
full digital range may not be utilized for some users. In cases
where this is undesirable, the compression point could be
fixed to 0 dB. For example, this could apply to telephony
terminals that are unable to provide sufficient volume for any
user. However, where a telephony terminal is capable of pro-
viding more than enough loudness for a user (i.e., the loud-
ness can be increased to a point that is uncomfortable for the
user), the above approach of adaptively determining the com-
pression point ensures that a level of discomfort will not be
exceeded. Instead, loudness is achieved by amplifying the
lower level segments while preventing the higher level seg-
ments from exceeding the compression point, which can be
viewed as representing the maximum waveform amplitude of
comfort.

Consequently, using this adaptive approach to determine
the compression point, a higher maximum waveform is
allowed for a user with a higher user volume setting, acknowl-
edging that this particular user prefers louder levels. Con-
versely, a user with high sensitivity applying a lower user
volume setting will be protected by a lower compression
point (further below maximum digital amplitude). Instead of
achieving intelligibility by uncomfortable levels via linear
gain, the intelligibility is achieved by the additional features
such as amplification of lower levels, spectral shaping, and
dispersion.

In some sense, the adaptive nature of the compression point
offers acoustic shock protection to users by limiting the maxi-
mum amplitude of waveforms that the auditory system is
exposed to. The use of such a compression point also means
that sometimes the maximum possible linear gain is not
applied, and instead intelligibility is achieved by other means
in order to honor the user’s sensitivity to pure linear gain.
Hence, in the interest of avoiding user discomfort, processing
that introduces distortion in a traditional sense may be acti-
vated before distortion-less processing (linear gain) has been
exhausted. However, from the perspective of the auditory
system of the user the discomfort can be considered a distor-
tion, and hence the above-described application of processing
that increases distortion in a traditional sense should not be
considered a violation of the prescribed philosophy of apply-
ing increasingly more aggressive processing as noise levels
increase.

Furthermore, not only does the adaptive compression point
accommodate users with different sensitivity, it also accom-
modates a varying acoustic seal for a single user. This fre-
quently occurs when the user is using a cellular telephone,
Bluetooth® headset, or like device that is often coupled and
uncoupled from the ear, acoustically. If the seal is 3 dB worse
during one use, the user would naturally increase volume by
3 dB to achieve the same loudness. Consequently, the com-
pression point will move up by 3 dB, and everything will
behave as before. As can be seen from Eq. 19 the compression
point is not allowed to go beyond 0 dB, i.e. the maximum
digital amplitude. This, along with the instant attack of the
waveform tracking, prevents any kind of saturation.

It should be noted that in some cases it may be beneficial to
allow some digital saturation since this will also provide some
additional loudness. In terms of determining the permissible
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amount of saturation, a suitable trade-off must be made
between loudness and distortion from saturation. As
described in commonly-owned, co-pending U.S. patent
application Ser. No. 12/109,017 (entitled “Audio Signal
Shaping for Playback by Audio Devices” and filed Apr. 24,
2008), the entirety of which is incorporated by reference
herein, soft-clipping may be used to minimize objectionable
distortion. In such an implementation, the threshold in Eq. 19
will not be 0, but rather a negative number with an absolute
value corresponding to the acceptable level of clipping.

After the compression point C,, has been determined, com-
pression logic 226 calculates the overall gain headroom,
Gondrooms Detween the waveform and the compression point
as

MAXAMPL ©0)

Gt = 20-logso o

] = G~ C

where MAXAMPL is the maximum digital amplitude of the
output in the system, e.g. 32768 for a 16-bit output. The gain
headroom is calculated as the gain required to bring the wave-
form envelope tracking information, denoted mx(k), to the
compression point, or just below if a margin, G, 18
desired due to finite precision of fixed point arithmetic, e.g.
G,pargin=1 dB. In the special case where the compression
point is 0 dB, and hence corresponds to the point of saturation,
the gain headroom corresponds to the headroom between the
waveform envelope and saturation, less the margin, G, g,

Compression logic 226 then calculates the final gain, G, ..,
to be applied to the current frame as the minimum of the
desired linear gain and the gain headroom (observing the
compression point). The time-varying final gain creates the
compression effect due to lower level frames having greater
gain headroom than higher level frames.

Gﬁnafmin [Gaesires Gheadroom)s (21)

Compression logic 226 then converts the final gain G,,,,, from
the log domain to the linear domain

g=10%ma20 (22)

and gain application module 802 applies the converted gain g
to the output signal from spectral shaping block 202/disper-
sion filter 204 to produce the output signal (denoted “receive-
out” in FIGS. 1 and 2) for playback via a loudspeaker of the
telephony terminal:

T o) =g Y (1) (23)

6. Compression Tracker 210

Compression tracker 210 is configured to monitor the
shortage in headroom, or instantaneous volume loss

Vipstioss=Caesirea— Gﬁnab (24)

and to calculate an average version according to the following
equations. First a peak tracker is updated according to

Viinstoss Viinstoss > Vpeaktoss (k) (25)

4095 /4096 -
otherwise.
Vpeatiossthk = 1)

Vpeakioss (k) =

Then, compression tracker 210 applies second order smooth-
ing to calculate the smoothed volume loss

Vioss V2BV 055t~ BV ioss =2+ 1BV pecrtoss k)5 26)
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where } is a smoothing factor, e.g. $=1023/1024. Compres-
sion tracker 210 feeds back the smoothed volumeloss V, _ (k)
back to spectral shaping block 202 and optionally dispersion
filter 204 to control the operation thereof.

C. Alternate System Implementation

FIG. 9 is ablock diagram of an example SIE system 900 in
accordance with an alternate embodiment of the present
invention. Like SIE system 200 described above in reference
to FIG. 2, SIE system 900 is configured to improve the intel-
ligibility of a speech signal received over a communication
network from a far-end telephony terminal (the “far-end
speech signal”) for playback by a near-end telephony termi-
nal of which SIE system 900 is a part. In FIG. 9, the far-end
speech signal is denoted ‘“Receive in.”” The output of SIE
system 900 is the modified far-end speech signal, denoted
“Receive out.”

As shown in FIG. 9, SIE system 900 includes a first level
estimator 902, a dynamic filtering block 904, a second level
estimator 906, AGC logic 908, AVB logic 910, suppression
logic 912, compression logic 914, acoustic shock protection
(ASP) logic 916, a volume application block 918 and a soft
clipper 920. Each of these elements will now be described.

First level estimator 902 is configured to determine an
estimated level of the far-end speech signal and to provide this
information to AGC logic 908 and AVB logic 910 for use in
performing gain calculations. By performing level estimation
directly on the original far-end speech signal (as opposed to
the far-end speech signal after processing by dynamic filter-
ing block 904), first level estimator 902 is able to provide
AGC logic 908 and AVB logic 910 with a more accurate
estimate of the level of the far-end speech signal as received
from the communication network. However, in accordance
with this implementation, first level estimator 902 cannot take
into account any loss in level due to the processing of the
far-end speech signal by dynamic filtering block 904. In con-
trast, if level estimation for the purposes of performing AGC
and AVB operations were performed after dynamic filtering,
this could lead to the removal of the higher intensity compo-
nents (i.e., lower-frequency components) which have less
impact on intelligibility or loudness. In either case, one could
include logic to compensate for the loss of loudness due to the
operations of dynamic filtering block 904 to provide a more
accurate estimate of the final loudness that a user would
experience.

Dynamic filtering block 904 is configured to filter the far-
end speech signal in an adaptive manner in order to increase
intelligibility of the signal and to obtain more digital head-
room for boosting of the signal by AVB logic 910 while
avoiding the introduction of an impermissible level of digital
saturation. The operations performed by dynamic filtering
block 904 may include any of the functions attributed to
spectral shaping block 202 and/or dispersion filter 204 as
described above in reference to system 200 of FIG. 2. In an
embodiment in which dynamic filtering block 904 performs
spectral shaping and/or dispersion filtering, the degree of
spectral shaping or dispersion filtering applied may be con-
trolled by a measure of the amount of compression applied by
compression logic 914 and/or ASP logic 916 or by a measure
of the amount of digital headroom remaining before such
compression will be applied.

In alternate implementations, the degree of spectral shap-
ing or dispersion filtering applied may be a function of a
long-term or average level of the far-end speech signal oras a
function of the level of lower-frequency components of the
far-end speech signal. The level of such lower-frequency
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components may be determined, for example, by passing the
far-end speech signal through a low-pass filter that has a
roughly inverse shape to a high-pass filter used by dynamic
filtering block 904.

Second level estimator 906 is configured to determine an
estimated level of the far-end speech signal after it has been
processed by dynamic filtering block 906. This estimate is
then provided to suppression logic 912, compression logic
914 and ASP logic 916 for use in calculations performed by
those blocks.

AGC logic 908 is configured to compensate for variations
in the level of the far-end speech signal, as estimated by first
level estimator 902. For example, such variations may be due
to variation of network connections, acoustic coupling, or the
like. AGC logic 908 calculates a gain scaling factor that, when
applied to the far-end speech signal, brings the far-end speech
signal to a nominal signal level. AGC logic 908 may operate
in a like manner to that described above in reference to AGC
logic 222 of system 200 or in a manner to be described below
in Section D.

AVB logic 910 is configured to calculate an additional gain
to be applied to the far-end speech signal so as to maintain a
minimum SNR between the level of the far-end speech signal
(after application of the gain calculated by AGC logic 908)
and the level of the near-end background noise. AVB logic
910 may operate in a like manner to that described above in
reference to AVB logic 224 of system 220.

Suppression logic 912 is configured to apply an echo sup-
pression algorithm to the far-end speech signal in order to
attenuate the effects of acoustic echo on that signal. The
output of suppression logic 912 is a loss to be applied to the
far-end speech signal.

Compression logic 914 is configured to determine a time
varying gain to be applied to the far-end speech signal to
ensure that, after application of the gain calculated by AGC
logic 908, the gain calculated by AVB logic 910, the gain
calculated by suppression logic 912, and a gain associated
with a user volume setting, the audio output waveform does
not exceed (or exceeds by only a permissible amount) a
digital saturation or clipping point of the telephony device.

ASP logic 916 is configured to adaptively determine a
compression point (i.e., an offset from a maximum digital
amplitude at which saturation occurs) below which the maxi-
mum amplitude of the far-end speech signal must be main-
tained in order to protect users of the telephony device from
acoustic shock or discomfort. ASP logic 916 may thus be
thought of as calculating an additional loss that must be
applied to the far-end speech signal in addition to that deter-
mined by compression logic 914.

Volume application block 918 is configured to receive the
far-end speech signal after processing by dynamic filtering
block 904 and to apply the gains calculated by AGC logic 908,
AVB logic 910, suppression logic 912, compression logic 914
and ASP logic 916, as well as a gain associated with a user
volume, thereto.

Soft clipper 920 is configured to receive the audio signal
output by volume application block 918 and apply soft clip-
ping thereto. Soft clipper 920 operates by manipulating the
dynamic range of the audio signal output by volume applica-
tion block 918 such that the level of the signal does not exceed
a soft clipping limit. The soft clipping limit may be less than
alimit imposed by the compression logic 914/ASP logic 916.
In accordance with such an embodiment, at higher volumes,
the dynamic range of the audio signal output by volume
application block 918 will exceed the soft clipping limit of
soft clipper 920. This overdriving of soft clipper 920 will lead
to some level of clipping distortion. However, through careful
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selection of the limit imposed by compression logic 914/ASP
logic 916 and the soft clipping limit, the amount of clipping
distortion can advantageously be held to an acceptable level
while maintaining loudness. An example of the use of soft
clipping subsequent to amplitude compression is described in
previously-referenced U.S. patent application Ser. No.
12/109,017, the entirety of which is incorporated by reference
herein.

D. Alternate AGC Logic Implementation

FIG. 10 is a block diagram of AGC logic 1000 that may be
used to implement AGC logic 222 of SIE system 200 (de-
scribed above in reference to FIG. 2) or AGC logic 908 of SIE
system 900 (described above in reference to FIG. 9) in accor-
dance with alternate embodiments of the present invention.

As shown in FIG. 10, AGC logic 1000 includes a long-term
level estimator 1002. Long-term level estimator 1002 is con-
figured to periodically receive a short-term estimate of the
level of the far-end speech signal and to update a long-term
estimate of the level of the far-end speech signal based on the
short-term level estimate. With reference to system 900 of
FIG. 9, the short-term level estimate may be received from
level estimator 902.

A combiner 1004 is configured to receive the long-term
level estimate generated by long-term level estimator 1002
and to add a current AGC gain thereto. The output of this
operation is provided to decision logic 1006.

Decision logic 1006 determines whether or not the output
of combiner 1004 exceeds a target level. If the output exceeds
the target level, then a logic block 1008 operates to adjust the
current AGC gain downward so that the target level can be
maintained. Conversely, if the output does not exceed the
target level, then a logic block 1010 operates to adjust the
current AGC gain upward so that the target level can be
maintained. Note thatin certain embodiments, the target level
may be a configurable parameter.

In an embodiment, long-term level estimator 1002 is also
configured to receive a “receive active” signal from a sub-
band acoustic echo canceller (SBAEC) that indicates whether
or not the far-end speech signal constitutes active speech as
well as a “send active” signal from the SBAEC that indicates
whether or not a near-end speech signal to be transmitted to a
far-end telephony device constitutes active speech. In a cir-
cumstance in which both the “receive active” and “send
active” signals are asserted, long-term level estimator 1002
will not reduce the long-term level estimate it produces
regardless of the short-term level estimates received (i.e., the
long-term level estimate will not be allowed to adapt down-
ward). The net result of this will be that the magnitude of the
AGC gain will not be adapted upward even if the short-term
level estimates are decreasing. This feature is intended to
ensure that AGC logic 1000 does not operate to undo a loss
that may be applied to the far-end speech signal by an echo
suppressor when both the “receive active” and “send active”
signals are asserted.

However, when both the “receive active” and “send active™
signals are asserted, long-term level estimator 1002 will
remain capable of increasing the long-term level estimate that
it produces based on the short-term level estimates received
(i.e., the long-term level estimate is allowed to adapt upward).
This ensures that the AGC gain can still be adapted downward
to maintain the target signal level if the far-end speech signal
is too loud.

In an embodiment, AVB logic that operates in conjunction
with AGC logic 1000 (e.g., AVB logic 224 of system 200 or
AVB logic 910 of system 900) is configured to determine the
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amount of AVB gain to be applied to the far-end speech signal
based also on a long-term level estimate that is not allowed to
adapt downward when both the near-end speech signal and
the far-end speech signal are determined to constitute active
speech. This ensures that the AVB logic also does not operate
to undo echo suppression that may have been applied to the
far-end speech signal. However, the long-term level estimate
used by the AVB logic is allowed to adapt upward when both
the near-end speech signal and the far-end speech signal are
determined to constitute active speech.

In a further embodiment, long-term level estimator 1002 is
capable of determining whether the far-end speech signal
constitutes tones or stationary (i.e., non-speech) signals based
on an analysis of the short-term level estimate. In further
accordance with such an embodiment, if it is determined that
the far-end speech signal constitutes tones or stationary sig-
nals, long-term level estimator 1002 will prevent the long-
term level estimate from adapting downward but allow the
long-term level estimate to adapt upwards in a like-manner to
that described above when both the when both the “receive
active” and “send active” signals are asserted.

Note that in one implementation, the compression point
used for applying amplitude compression (as previously
described) can be made adaptive such that a different com-
pression point is used when the “send active” signal is
asserted (which may be indicative of doubletalk) or when the
far-end speech signal is determined to constitute tones or
stationary signals.

E. Example Integration with Sub-Band Acoustic
Echo Canceller

FIG. 11 is a block diagram that shows a telephony terminal
1100 in which an SIE system in accordance with an embodi-
ment of the present invention is integrated with a sub-band
acoustic canceller. As shown in FIG. 11, telephony terminal
1100 includes a receive processing block 1102 that is config-
ured to improve the intelligibility of a speech signal received
over a communication network from a far-end telephony ter-
minal (the “far-end speech signal”) for playback by telephony
terminal 1100. In FIG. 11, the far-end speech signal is
denoted “Receive in.” The output of receive processing block
1102 is the modified far-end speech signal, denoted “Receive
out.” Receive processing block 1102 includes an SIE system
in accordance with an embodiment of the present invention,
such as SIE system 200 described above in reference to FIG.
2 or SIE system 900 described above in reference to FIG. 9.

As further shown in FIG. 11, telephony terminal 1100
includes a sub-band acoustic canceller 1104 that operates to
cancel acoustic echo present in a speech signal captured by
telephony terminal 1100 for transmission to the far-end tele-
phony terminal over the communication network (the “near-
end speech signal”). In FIG. 11, the near-end speech signal is
denoted “Send in.” The output of sub-band acoustic echo
canceller 1104 is the modified near-end speech signal,
denoted “Send out.”

Sub-band acoustic canceller 1104 includes a number of
components including a first sub-band analysis block 1112, a
second sub-band analysis block 1114, a sub-band cancella-
tion block 1116, a combiner 1118, a receive estimation block
1120, a send estimation block 1122, a post processing block
1124 and a sub-band synthesis block 1126. The operation of
each of these components will now be described.

First sub-band analysis block 1112 is configured to receive
a time-domain version of the near-end speech signal and to
convert the signal into a plurality of frequency sub-band
components. First sub-band analysis block 1112 may also
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down-sample the near-end speech signal as part of this pro-
cess. Second sub-band analysis block 1114 is configured to
receive a time-domain version of the modified far-end speech
signal output by receive processing block 1102 and to convert
the signal into a plurality of frequency sub-band components.
First sub-band analysis block 1112 may also down-sample
the near-end speech signal as part of this process.

Sub-band cancellation block 1116 receives the sub-band
representation of the near-end speech signal and the modified
far-end speech signal and operates to determine, on a sub-
band by sub-band basis, components of the near-end speech
signal that represent acoustic echo and thus should be can-
celled from the signal. To perform this function, sub-band
cancellation block 1116 analyzes the level of correlation
between the near-end speech signal and the modified far-end
speech signal. The sub-band echo components are provided
to a combiner 1118 which operates to subtract the echo com-
ponents from the near-end speech signal on a sub-band by
sub-band basis.

Post processing block 1124 is configured to receive the
signal output by combiner 1118 and to perform non-linear
processing thereon to remove residual echo as well as to
perform processing thereon to suppress noise present in the
signal.

Sub-band synthesis block 1126 is configured to receive the
output from post processing block 1124, which is represented
as a plurality of frequency sub-band components, and to
convert the plurality of sub-band components into a time
domain representation of a modified version of the near-end
speech signal. Sub-band synthesis block 1126 may also up-
sample the modified version of the near-end speech signal as
part of this process. The modified version of the near-end
speech signal produced by sub-band synthesis block 1126 is
then output for encoding and subsequent transmission to the
far-end telephony terminal over the communication network.

Receive estimation block 1120 is configured to receive the
sub-band components of the modified far-end speech signal
and to estimate levels associated with each of the sub-bands
that are used by sub-band cancellation block 1116 for per-
forming acoustic echo cancellation functions and by post
processing block 1124 for performing non-linear processing
and noise suppression. The estimated levels may include, for
example, an estimated level of a speech signal component
present within each sub-band, an estimated level of a noise
component present within each sub-band, or the like.

Send estimation block 1122 is configured to receive the
sub-band components of the near-end speech signal after
echo cancellation and to estimate levels associated with each
of'the sub-bands that are used by sub-band cancellation block
1116 for performing acoustic echo cancellation functions and
by post processing block 1124 for performing non-linear
processing and noise suppression. The estimated levels may
include, for example, an estimated level of a speech signal
component present within each sub-band, an estimated level
of a noise component present within each sub-band, or the
like.

In accordance with an embodiment of the present inven-
tion, sub-band acoustic canceller 1104 provides certain infor-
mation generated during the performance of echo cancella-
tion and noise suppression operations to receive processing
block 1102. Receive processing block 1102 then uses such
information to perform SIE operations. Such information will
now be described.

In one embodiment, sub-band acoustic canceller 1104 pro-
vides a measure of voice activity in the far-end speech signal
to one or more level estimator(s) in receive processing block
1102. The measure of voice activity may be used to control
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the level estimation function. The measure of voice activity
may be determined, for example, by counting the number of
sub-bands in which the energy significantly exceeds a noise
floor. Because sub-band acoustic canceller 1104 analyzes the
far-end speech signal in sub-bands, it is capable of providing
a more accurate measure of voice activity than an analysis of
a time-domain signal would provide.

In a further embodiment, sub-band acoustic canceller 1104
also provides a measure of voice activity in the near-end
speech signal to one or more level estimator(s) in receive
processing block. This measure of voice activity may also be
used to control the level estimation function. For example, as
described in Section D, above, AGC logic within receive
processing block 1102 may use a measure of the voice activity
in the far-end speech signal and in the near-end speech signal
to prevent upward adaption of a long-term level estimate
when both the far-end speech signal and the near-end speech
signal are deemed to constitute speech.

In another embodiment, sub-band acoustic canceller 1104
provides an estimate of the noise level present in the near-end
speech signal to receive processing block 1102. For example,
AVB logic within receive processing block 1102 may receive
an estimate of the noise level present in the near-end speech
signal from sub-band acoustic canceller 1104 and use this
estimate to determine a far-end speech signal to near-end
noise ratio as previously described.

Since sub-band acoustic canceller 1104 estimates noise
levels on a frequency sub-band basis, the estimate of the noise
level present in the near-end speech signal may be determined
by assigning greater weight to certain sub-bands as opposed
to others in order to ensure that the estimated noise level
represents noise that would be perceptible to a human (in
other words to ensure that the estimated noise level is a
measure of the loudness of the noise as opposed to the inten-
sity).

Furthermore, since sub-band acoustic canceller 1104 esti-
mates noise levels on a frequency sub-band basis, sub-band
acoustic canceller 1104 can provide the sub-band noise level
estimates to a spectral shaping block within receive process-
ing block 1102, such that spectral shaping may be performed
as a function of the spectral shape of the noise. For example,
different spectral shaping may be applied when the noise is
white as opposed to flat.

It is noted that in FIG. 11, the speech signals denoted
“Receive in,” “Receive out,” “Send in” and “Send out” are
represented using two lines. This is intended to indicate that
telephony terminal 1100 is capable of processing wideband
speech signals (e.g., signals generated using 16 kHz sam-
pling). In one embodiment of telephony terminal 1100, the
far-end and near-end speech signals are wideband speech
signals and are split into a narrowband component (e.g., 0-3.4
kHz, sampled at 8 kHz) and a wideband component (e.g.,
3.4-7 kHz, sampled at 16 kHz). This approach makes the
signal processing aspects of the terminal simpler from a wide-
band/narrowband perspective and enables functionality that
is applicable only to narrowband speech signals to be imple-
mented by processing only the narrowband component.
Examples of systems that perform such split-band processing
are described in U.S. Pat. Nos. 6,848,012, 6,928,495, 7,165,
130, 7,283,585, 7,333,475 and 7,409,056 and U.S. patent
application Ser. No. 11/672,120, the entireties of which are
incorporated by reference herein.

In one embodiment, the SIE processing described above is
applied only to a narrowband component of a wideband
speech signal. In an alternate embodiment, the previously-
described SIE processing is made applicable to wideband
speech by also modifying the wideband component of a wide-
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band speech signal. For example, in one embodiment, the
gain of filters used to modify the far-end speech signal by
receive processing block 1102 at 3.4 kHz (or 4 kHz) are
extended across the wideband component. In slowly evolving
spectral shaping, a table of the gain for the wideband compo-
nent may be utilized, wherein the gain is a function of the
narrowband filter. In one implementation, for rapidly evolv-
ing spectral shaping, the gain of the filter at 4 kHz is unity, so
that there is no need to modify the wideband component.

The foregoing concept may also be extended to other sets
of'signal components sampled at various sampling rates, such
as 8 kHz/16 kHz/48 kHz or 8 kHz/48 kHz.

FIG. 12 is a block diagram that shows an alternate tele-
phony terminal 1200 in which an SIE system in accordance
with an embodiment of the present invention is integrated
with a sub-band acoustic canceller. Telephony terminal 1200
differs from telephony terminal 1100 in a variety of ways.

For example, telephony terminal 1200 is configured to
receive a plurality of speech signals, denoted “Receive in” 1
through “Receive in” m, and to combine those signals to
produce a single output speech signal denoted “Receive out.”
Each of the signals “Receive in” 1-m may comprise, for
example and without limitation, a different far-end speech
signal in a multi-party conference call or a different audio
channel in a multi-channel audio signal.

As shown in FIG. 12, each “Receive in” signal 1-m is
processed by a corresponding receive processing block
1202,-1202,,. Each receive processing block 1202,-1202,,
includes an SIE system in accordance with an embodiment of
the present invention, such as SIE system 200 described
above in reference to FIG. 2 or SIE system 900 described
above in reference to FIG. 9, and operates to improve the
intelligibility of a corresponding “Receive in” signal.

As further shown in FIG. 12, the output signals of receive
processing blocks 1202,-1202,, are combined prior to being
received by a compression and soft clipping block 1204. By
separately applying SIE to each “Receive in” signal prior to
mixing, telephony terminal 1200 ensures that each “Receive
in” signal is modified only to the extent necessary to achieve
a desired intelligibility for that signal. In other words, by
separately applying SIE to each “Receive in” signal, one
“Receive in” signal need not be distorted to improve the
intelligibility of another “Receive in” signal.

Compression and soft clipping logic 1204 is configured to
apply amplitude compression and/or soft clipping to the sig-
nal produced by the combination of the outputs of receive
processing blocks 1202,-1202, . Such amplitude compres-
sion and/or soft clipping may be applied to ensure that the
signal produced by the combination of the outputs of receive
processing blocks 1202,-1202,, does not exceed a digital
saturation point or only exceeds the digital saturation point by
a permissible amount. Note that in an alternate implementa-
tion, compression and soft clipping may be separately applied
to each signal output from each of receive processing blocks
1202,-1202,, and then further applied to the signal produced
by the combination of those outputs.

As also shown in FIG. 12, telephony terminal 1200
includes a sub-band acoustic canceller 1204 that operates to
cancel acoustic echo present in a near-end speech signal
captured by telephony terminal 1200 for transmission to a
far-end telephony terminal over a communication network.
To capture the near-end speech signal, telephony terminal
includes a plurality of microphones, each of which produces
a different input speech signal. These input speech signals are
denoted “Send in” 1 through “Send in” n. Each input speech
signal “Send in” 1-n is converted from a time domain signal
into a plurality of frequency sub-band components by a cor-
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responding sub-band analysis block 1212,-1212,,,. The out-
put from sub-band analysis blocks 1212,-1212  are provided
to a beamformer 1228 which performs spatial filtering opera-
tions on the output to attenuate unwanted undesired audio
content. The output of beamformer 1228 is then treated as the
near-end speech signal.

The remaining components of sub-band acoustic echo can-
celler 1206 operate in essentially the same manner as like-
named components described above in reference to telephony
terminal 1100 of FIG. 11. However, to perform an estimation
of the level of the noise in the near-end speech signal, send
estimation block 1222 may be configured to account for the
noise-reducing effect of beamformer 1228. In other words,
the noise level estimate provided by send estimation block
1222 may be an estimate of the noise level at one of the
multiple microphones.

Sub-band acoustic canceller 1204 provides certain infor-
mation generated during the performance of echo cancella-
tion and noise suppression operations to receive processing
blocks 1202,-1202,,. Each of receive processing blocks
1202,-1202,, then uses such information to perform SIE
operations. The information provided may include, for
example and without limitation, a measure of voice activity in
the far-end speech signal, a measure of voice activity in the
near-end speech signal, or an estimate of the noise level
present in the far-end speech signal.

Inthe implementation described above in reference to FI1G.
12, a plurality of received speech signals “Receive in” 1-m are
combined to produce a single “Receive out” speech signal.
However, persons skilled in the relevant art(s) will readily
appreciate that the present invention encompasses other
implementations in which a one or more received speech are
processed to produce a plurality of “Receive out” speech
signals 1-n. For example, in an embodiment in which the
invention is implemented in a stereo headset or a stereo Voice
over IP Protocol (VoIP) telephone, one or more received
speech signals may be processed to produce 2 channels of
output audio. Depending upon the specific implementation,
receive processing and/or compression/soft-clipping may be
performed on each received speech signal as well as upon
combinations of such received speech signals to produce the
desired output signals.

F. Example Methods in Accordance with
Embodiments of the Present Invention

Example methods for processing a speech signal for play-
back by an audio device in accordance with various embodi-
ments of the present invention will now be described in ref-
erence to flowcharts depicted in FIGS. 13-21.

In particular, FIG. 13 depicts a flowchart 1300 of a method
for processing a portion of a speech signal to be played back
by an audio device in accordance with one embodiment of the
present invention. As shown in FIG. 13, the method of flow-
chart 1300 begins at step 1302 in which a level of the speech
signal is estimated. At step 1304, a level of background noise
is estimated. At step 1306, a signal-to-noise ratio (SNR) is
calculated based on the estimated level of the speech signal
and the estimated level of the background noise. At step 1308,
an amount of gain to be applied to the portion of the speech
signal is calculated based on at least a difference between a
predetermined SNR and the calculated SNR. At step 1310,
the amount of gain is applied to the portion of the speech
signal.

In one embodiment, performing step 1306 comprises cal-
culating an automatic gain control (AGC) gain required to
bring the estimated level of the speech signal to a predefined
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nominal level and then calculating the SNR based on the
estimated level of the speech signal after application of the
AGC gain thereto and the estimated level of the background
noise. For example, as described elsewhere herein, this step
may comprise calculating:

R2Snoise=default_volume+G 4Gc+Lg+C-L,oises

wherein R2Snoise is the calculated SNR, default_volume is a
constant representing a default volume, G . is the AGC
gain, L is the estimated level of the speech signal, L, .. is
the estimated level of the background noise and C is a cali-
bration term.

In one embodiment, performing step 1308 comprises per-
forming a number of steps. These steps include calculating a
target gain as the difference between the predetermined SNR
and the calculated SNR. Then, an actual gain is compared to
the target gain, wherein the actual gain represents an amount
of gain that was applied to a previously-received portion of
the speech signal. If the target gain exceeds the actual gain by
at least a fixed amount, then the amount of gain to be applied
to the portion of the speech signal is calculated by adding the
fixed amount of gain to the actual gain. However, if the target
gain is less than the actual gain by at least the fixed amount,
then the amount of gain to be applied to the portion of the
speech signal is calculated by subtracting the fixed amount of
gain from the actual gain.

In another embodiment, performing step 1308 comprises
summing at least a user volume of the audio device, an
amount of gain determined based on the difference between
the predetermined SNR and the calculated SNR, and an
amount of gain required to bring the estimated level of the
speech signal to a predefined nominal level.

In a further embodiment, performing step 1308 comprises
first calculating a desired gain to be applied to the portion of
the speech signal based on at least the difference between the
predetermined SNR and the calculated SNR. Then, a deter-
mination is made as to whether the application of the desired
gain to the portion of the speech signal would cause a refer-
ence amplitude associated with the portion of the speech
signal to exceed a predetermined amplitude limit. If it is
determined that the application of the desired gain to the
portion of the speech signal would cause the reference ampli-
tude to exceed the predetermined amplitude limit, then an
amount of gain to be applied to the portion of the speech
signal is calculated that is less than the desired gain. For
example, as described elsewhere herein, calculating an
amount of gain to be applied to the portion of the speech
signal that is less than the desired gain may comprise calcu-
lating

GﬁnaFmIH [Gaesireds Gheadroom)s

wherein Gg,,; is the amount of gain to be applied to the
portion of the speech signal, G,;,., is the desired gain and
G,ondroom 18 an estimate of the difference between the refer-
ence amplitude associated with the portion of the speech
signal and the predetermined amplitude limit.

In further accordance with this embodiment, a difference
may be calculated between the desired gain and the amount of
gain to be applied to the portion of the speech signal. Spectral
shaping may then be applied to at least one subsequently-
received portion of the speech signal, wherein the degree of
spectral shaping applied is based at least in part on the differ-
ence. Alternatively or additionally, dispersion filtering may
be performed on at least one subsequently-received portion of
the speech signal, wherein the degree of dispersion applied by
the dispersion filtering is based at least in part on the differ-
ence.
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FIG. 14 depicts a flowchart 1400 of a method for process-
ing a speech signal to be played back by an audio device in
accordance with an embodiment of the present invention. As
shown in FIG. 14, the method of flowchart 1400 begins at step
1402, in which a level of background noise is estimated. At
step 1404, a linear gain is applied to the speech signal if a
function of at least the estimated level of background noise
meets a first condition. At step 1406, a linear gain and com-
pression are applied to the speech signal if the function of at
least the estimated level of the background noise meets a
second condition. At step 1408, a linear gain, compression
and spectral shaping are applied to the speech signal if the
function of at least the estimated level of background noise
meets a third condition.

In one embodiment, each of the first, second and third
conditions is indicative of a need for a corresponding first,
second and third degree of speech intelligibility enhance-
ment, wherein the second degree is greater than the first
degree and the third degree is greater than the second degree.
The function based on at least the estimated level of back-
ground noise may comprise, for example, a signal-to-noise
ratio (SNR) that is calculated based on an estimated level of
the speech signal and the estimated level of the background
noise.

Although it is not shown in FIG. 14, the method of flow-
chart 1400 may also include applying a linear, gain, compres-
sion and dispersion filtering to the speech signal if at least the
estimated level of background noise meets a fourth condition.

FIG. 15 depicts a flowchart 1500 of another method for
processing a portion of a speech signal to be played back by
an audio device in accordance with an embodiment of the
present invention. As shown in FIG. 15, the method of flow-
chart 1500 begins at step 1502, in which a reference ampli-
tude associated with the portion of the speech signal is cal-
culated. In one embodiment, calculating the reference
amplitude comprises determining a maximum absolute
amplitude of the portion of the speech signal. In another
embodiment, calculating the reference amplitude comprises
determining a maximum absolute amplitude of a segment of
the speech signal that includes the portion of the speech signal
and one or more previously-processed portions of the speech
signal. In a further embodiment, calculating the reference
amplitude comprises setting the reference amplitude equal to
the greater of a maximum absolute amplitude associated with
the portion of the speech signal and a product of a reference
amplitude associated with a previously-processed portion of
the speech signal and a decay factor.

At step 1504, a first gain to be applied to the portion of the
speech signal is received.

At step 1506, compression is applied to the portion of the
speech signal if the application of the first gain to the portion
of the speech signal would cause the reference amplitude
associated with the portion of the speech signal to exceed a
predetermined amplitude limit. In one embodiment, the pre-
determined amplitude limit comprises a maximum digital
amplitude that can be used to represent the speech signal. In
an alternate embodiment, the predetermined amplitude limit
comprises an amplitude that is a predetermined number of
decibels above or below a maximum digital amplitude that
can be used to represent the speech signal.

The method of flowchart 1500 may further include adap-
tively calculating the predetermined amplitude limit. In one
embodiment, adaptively calculating the predetermined
amplitude limit comprises adaptively calculating the prede-
termined amplitude limit based at least on a user-selected
volume.
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Depending upon the implementation, the application of
compressioninstep 1506 may include applying a second gain
to the portion of the speech signal that is less than the first
gain, wherein the second gain is calculated as an amount of
gain required to bring the reference amplitude associated with
the portion of the speech signal to the predetermined ampli-
tude limit. As described previously herein, calculating the
second gain may comprise calculating:

MAXAMPL

Gheadroom =20+ IOgIO(W

] = Gmargin — Cp

wherein Gy, , ;.00 15 the second gain, MAXAMPL is a maxi-
mum digital amplitude that can be used to represent the
speech signal, mx(k) is the reference amplitude associated
with the portion of the speech signal, G,,,,,,, is a predefined
margin and C, is a predetermined number of decibels.

At step 1508, a value representative of an amount of com-
pression applied to the portion of the speech signal during
step 1506 is calculated. In one embodiment, calculating this
value comprises calculating an instantaneous volume loss by
determining a difference between the first gain and the second
gain described in the previous paragraph and then calculating
an average version of the instantaneous volume loss.

At step 1510, spectral shaping and/or dispersion filtering is
applied to at least one subsequently-received portion of the
speech signal wherein the degree of spectral shaping and/or
dispersion filtering applied is controlled at least in part by the
value calculated during step 1508.

FIG. 16 depicts a flowchart 1600 of another method for
processing a portion of a speech signal to be played back by
an audio device in accordance with an embodiment of the
present invention. As shown in FIG. 16, the method of flow-
chart 1600 begins at step 1602, at which a portion of the
speech signal is received.

At step 1604, a degree of spectral shaping to be applied to
the portion of the speech signal to increase the intelligibility
thereof is adaptively determined. Various methods may be
used to adaptively determine the degree of spectral shaping to
be applied. For example, a degree of compression that was or
is estimated to be applied to the speech signal may be deter-
mined and the degree of spectral shaping to be applied may be
determined as a function of at least the degree of compression.

As another example, a level of the speech signal may be
calculated and the degree of spectral shaping to be applied
may be determined as a function of at least the level of the
speech signal.

As still another example, a level of one or more sub-band
components of the speech signal may be calculated and the
degree of spectral shaping to be applied may be determined as
a function of at least the level(s) of the sub-band
component(s).

As a further example, a level of background noise may be
estimated and the degree of spectral shaping to be applied
may be determined as a function of at least the level of the
background noise. Estimating the level of the background
noise may comprise estimating a level of one or more sub-
band components of the background noise and determining
the degree of spectral shaping to be applied as a function of at
least the estimated level of the background noise may com-
prise determining the degree of spectral shaping as a function
of at least the level(s) of the sub-band component(s).

As a still further example, a spectral shape of the back-
ground noise may be determined and the degree of spectral
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shaping to be applied may be determined as a function of at
least the spectral shape of the background noise.

At step 1606, the determined degree of spectral shaping is
applied to the portion of the speech signal. Applying the
determined degree of spectral shaping to the portion of the
speech signal may comprise amplifying at least one selected
formant associated with the portion of the speech signal rela-
tiveto at least one other formant associated with the portion of
the speech signal. For example, applying the determined
degree of spectral shaping to the portion of the speech signal
may comprise amplifying a second and third formant associ-
ated with the portion of the speech signal relative to a first
formant associated with the portion of the speech signal.

In one embodiment, applying the determined degree of
spectral shaping to the portion of the speech signal comprises
performing time-domain filtering on the portion of the speech
signal using an adaptive high-pass filter.

Performing time-domain filtering on the portion of the
speech signal using an adaptive high-pass filter may comprise
performing time-domain filtering on the portion of the speech
signal using a first adaptive spectral shaping filter and a sec-
ond adaptive spectral shaping filter, wherein the second adap-
tive spectral shaping filter is configured to adapt more rapidly
than the first adaptive spectral shaping filter. For example, the
first adaptive spectral shaping filter may have the form

x()=ry, (1) =b7y,(n=1)

wherein x(n) is the output of the first adaptive spectral shap-
ing filter, r;,(n) is the input to the first adaptive spectral shap-
ing filter, and b is a filter coefficient that increases as a degree
of compression that was or is estimated to be applied to the
speech signal increases. In further accordance with this
example, the second adaptive spectral shaping filter may have
the form:

y(@)y=x(n)-cx(n-2)-cy(n-1)

wherein y(n) is the output of the second adaptive spectral
shaping filter, x(n) is the input to the second adaptive spectral
shaping filter and ¢ is a control parameter. The control param-
eter ¢ may be calculated based upon a degree of compression
that was or is estimated to be applied to the speech signal. The
control parameter ¢ may also be calculated based upon a
measure of a slope of a spectral envelope of the speech signal.

Alternatively, performing time-domain filtering on the por-
tion of the speech signal using an adaptive high-pass filter
may comprise using only the first adaptive spectral shaping
filter described above or using only the second adaptive spec-
tral shaping filter described above.

FIG. 17 depicts a flowchart 1700 of another method for
processing a portion of a speech signal to be played back by
an audio device in accordance with an embodiment of the
present invention. As shown in FIG. 17, the method of flow-
chart 1700 begins at step 1702 in which dispersion filtering is
performed on the portion of the speech signal to reduce a
magnitude of waveform peaks in the portion of the speech
signal. At step 1704, an amount of gain to be applied to the
portion of the speech signal is increased responsive to the
reduction of the magnitude of the waveform peaks in the
portion of the speech signal.

In one embodiment, performing dispersion filtering on the
portion of the speech signal as described in reference to step
1702 comprises reducing a peak-to-average ratio associated
with the portion of the speech signal. Reducing a peak-to-
average ratio associated with the portion of the speech signal
may comprise, for example, reducing a peak-to-RMS ratio
associated with the portion of the speech signal.
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Performing dispersion filtering on the portion of the speech
signal as described in reference to step 1702 may also com-
prise passing the portion of the speech signal through a fixed
all-pass filter. The fixed all-pass filter may comprise, for
example, a fixed sixth-order all-pass filter.

Alternatively, performing dispersion filtering on the por-
tion of the speech signal as described in reference to step 1702
may comprise passing the portion of the speech signal
through an adaptive all-pass filter. In accordance with such an
embodiment, poles and zeros of the adaptive all-pass filter
may be adapted based on local characteristics of the speech
signal. For example, radii of the poles of the adaptive all-pass
filter may be decreased during silence regions of the speech
signal and increased during vowel regions of the speech sig-
nal. As another example, pole frequencies of the adaptive
all-pass filter may be set to pole frequencies of a fixed all-pass
filter during an initial portion of a voiced region of the speech
signal and then the pole frequencies may be adapted during
subsequent portions of the speech signal by tracking changes
in the speech signal. Tracking changes in the speech signal
may include estimating formant frequencies of the speech
signal and guiding the adaptation of the pole frequencies of
the all-pass filter based on the estimated formant frequencies.
Tracking changes in the speech signal may also comprises
performing a closed-loop pole frequency search to determine
optimal pole frequencies and then guiding the adaptation of
the pole frequencies of the all-pass filter based on the optimal
pole frequencies. Performing the closed-loop pole frequency
search to determine the optimal pole frequencies may com-
prise limiting the closed-loop pole frequency search to pre-
defined search ranges around optimal pole frequencies asso-
ciated with a previously-processed portion of the speech
signal.

In another embodiment in which performing dispersion
filtering on the portion ofthe speech signal comprises passing
the portion of the speech signal through an adaptive all-pass
filter, the adaptive all-pass filter may be adapted based on a
value representative of an amount of compression applied to
one or more previously-processed portions of the speech
signal. Adapting the filter in this manner may include calcu-
lating a scaling factor based on the value representative of the
amount of compression, wherein the scaling factor increases
as the value increases, and then applying the scaling factor to
radii of poles of the adaptive all-pass filter.

In a further embodiment, performing dispersion filtering
on the portion of the speech signal as described in reference to
step 1702 comprises passing the portion of the speech signal
through an all-pass filter comprises selecting one of a collec-
tion of N all-pass filter candidates.

FIG. 18 depicts a flowchart 1800 of another method for
processing a portion of a speech signal to be played back by
an audio device in accordance with an embodiment of the
present invention. As shown in FIG. 18, the method of flow-
chart 1800 starts at step 1802 in which a degree of compres-
sion that was applied to at least one previously-received por-
tion of the speech signal is determined. At step 1804,
dispersion filtering is performed on the portion of the speech
signal, wherein the degree of dispersion applied by the dis-
persion filtering is based at least in part on the degree of
compression that was applied to the at least one previously-
received portion of the speech signal. Performing dispersion
filtering in step 1804 may comprise, for example, passing the
portion ofthe speech signal through an adaptive all-pass filter.
The adaptive all-pass filter may be adapted based on a value
representative of the degree of compression that was applied
to the at least one previously-received portion of the speech
signal. Adapting the filter in this manner may include calcu-
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lating a scaling factor based on the value representative of the
amount of compression, wherein the scaling factor increases
as the value increases, and then applying the scaling factor to
radii of poles of the adaptive all-pass filter.

FIG. 19 depicts a flowchart 1900 of a method for operating
an integrated speech intelligibility enhancement system and
acoustic echo canceller in accordance with an embodiment of
the present invention.

As shown in FIG. 19, the method of flowchart 1900 begins
at step 1902 in which characteristics associated with a near-
end speech signal to be transmitted by an audio device and/or
a far-end speech signal received for playback by the audio
device are calculated. Calculating the characteristics may
include, for example, calculating an estimated level of back-
ground noise associated with the near-end speech signal.
Calculating the estimated level of background noise associ-
ated with the near-end speech signal may include calculating
an estimated level of background noise corresponding to each
of'a plurality of sub-band components of the near-end speech
signal. Alternatively, calculating the estimated level of back-
ground noise associated with the near-end speech signal may
comprise calculating a measure of loudness by applying a
weight to one or more estimated levels of background noise
corresponding to one or more sub-band components of the
near-end speech signal.

At step 1904, the far-end speech signal is modified based
on at least the calculated characteristics to increase the intel-
ligibility thereof. In an embodiment in which the calculated
characteristics comprise one or more estimated levels of
background noise corresponding to one or more sub-band
components of the near-end speech signal, this step may
comprise performing spectral shaping on the far-end speech
signal based on one or more of the estimated levels of back-
ground noise corresponding to one or more of the sub-band
components.

At step 1906, acoustic echo present in the near-end speech
signal is suppressed based on at least the calculated charac-
teristics.

In one embodiment of the method of flowchart 1900, cal-
culating characteristics in step 1902 comprises determining
whether voice activity is present in the far-end speech signal
and modifying the far-end speech signal in step 1904 com-
prises controlling the operation of a level estimator based on
the determination, wherein the level estimator calculates an
estimated signal level associated with the far-end speech sig-
nal, and applying a gain to the far-end speech signal wherein
the amount of gain applied is based on the estimated signal
level. Determining whether voice activity is present in the
far-end speech signal may comprise analyzing one or more
sub-band components of the far-end speech signal.

In another embodiment of the method of flowchart 1900,
calculating characteristics in step 1902 comprises determin-
ing whether voice activity is present in the near-end speech
signal and modifying the far-end speech signal in step 1904
comprises controlling the operation of a level estimator based
on the determination, wherein the level estimator calculates
an estimated signal level associated with the far-end speech
signal, and applying a gain to the far-end speech signal
wherein the amount of gain applied is based on the estimated
signal level. Determining whether voice activity is present in
the near-end speech signal may comprise analyzing one or
more sub-band components of the near-end speech signal.

In a further embodiment of the method of flowchart 1900,
calculating characteristics in step 1902 comprises calculating
the estimated level of background noise at one or more micro-
phones in a plurality of microphones associated with the
audio device. Calculating the estimated level of background
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noise at one or more microphones in the plurality of micro-
phones associated with the audio device may comprise modi-
fying an estimated level of background noise associated with
the near-end speech signal to account for a noise changing
effect produced by a beamformer coupled to the plurality of
microphones.

FIG. 20 depicts a flowchart 2000 of a method for process-
ing first and second speech signals to produce an output
speech signal for playback in accordance with an embodi-
ment of the present invention. As shown in FIG. 20, the
method of flowchart 2000 begins at step 2002 in which a
portion of the first speech signal is received.

At step 2004, the portion of the first speech signal is modi-
fied to increase the intelligibility thereof, wherein the degree
of'modification applied to the portion of the first speech signal
is based at least on an estimated level of background noise.

At step 2006, a portion of the second speech signal is
received.

At step 2008, the portion of the second speech signal is
modified to increase the intelligibility thereof, wherein the
degree of modification applied to the portion of the second
speech signal is based at least on an estimated level of back-
ground noise.

Atstep 2010, the modified portion of the first speech signal
and the modified portion of the second speech signal to pro-
duce an output speech signal for playback.

The foregoing method of flowchart 2000 may further
include applying amplitude compression to the output speech
signal and/or applying soft clipping to the output speech
signal. In the foregoing method of flowchart 2000, step 2004
may include applying compression to the portion of the first
speech signal to produce the modified portion of the first
speech signal and/or applying soft clipping to the portion of
the first speech signal to produce the modified portion of the
first speech signal. Likewise, step 2008 may include applying
compression to the portion of the second speech signal to
produce the modified portion of the second speech signal
and/or applying soft clipping to the portion of the second
speech signal to produce the modified portion of the second
speech signal.

FIG. 21 depicts a flowchart 2100 of a method for updating
an amount of gain to be applied to a first speech signal
received for playback by an audio device in accordance with
anembodiment of the present invention. As shown in FIG. 21,
the method of flowchart 2100 begins at step 2102 in which it
is determined whether a second speech signal to be transmit-
ted from the audio device constitutes active speech. The
results of the determination are analyzed during decision step
2104.

Ifitis determined during decision step 2104 that the second
speech signal does not constitute active speech, then the
amount of gain is reduced in response to an increase in an
estimated level of the first speech signal and the amount of
gain is increased in response to a decrease in the estimated
level of the first speech signal as shown at step 2106. How-
ever, if it is determined during decision step 2104 that the
second speech signal does constitute active speech, then the
amount of gain is reduced in response to an increase in the
estimated level of the first speech signal and the amount of
gainis not increased in response to a decrease in the estimated
level of the first speech signal as shown at step 2108.

The method of flowchart 2100 may further include updat-
ing the estimated level of the first speech signal. Updating the
estimated level of the first speech signal may include calcu-
lating a short-term estimate of the level of the first speech
signal based on a received portion of the first speech signal
and then updating a long-term estimate of the level of the first

40

45

36

speech signal based on the short-term estimate. In accordance
with such an embodiment, performing step 2108 of flowchart
2100 may comprise not decreasing the long-term estimate of
the level of the first speech signal responsive to a decrease in
the short-term estimate of the level of the first speech signal.

The method of flowchart 2100 may further include deter-
mining whether the first speech signal constitutes a tone and
performing step 2108 responsive also to determining that the
first speech signal constitutes a tone. The method of flowchart
2100 may still further include determining whether the first
speech signal constitutes a stationary signal and performing
step 2108 responsive also to determining that the first speech
signal constitutes a stationary signal.

G. Example Waveforms Generated by Speech
Intelligibility Enhancement System and Method in
Accordance with Embodiments of the Present
Invention

FIG. 22 depicts a waveform plot 2200 of an exemplary
far-end speech signal that may be processed by SIE system
200 as described above in reference to FIG. 2. For example,
the far-end speech signal shown in plot 2200 may be the
“Receive-in” signal that is received by spectral shaping block
202 in SIE system 200. In further accordance with this
example, FIGS. 23, 24 and 25 depict waveform plots of
corresponding output speech signals that may be produced by
SIE system 200 responsive to processing the far-end speech
signal shown in plot 2200 at different levels of ambient back-
ground noise.

In particular, FIG. 23 depicts a waveform plot 2300 of a
corresponding output speech signal produced by SIE system
200 when the level of ambient background noise is sufficient
to trigger the application of AVB (i.e., when the level of
ambient background noise is such that the far-end speech
signal to near-end background noise ratio is less than the
target minimum SNR even after the application of AGC) but
is not sufficient to trigger amplitude compression. As shown
in waveform plot 2300, a pure linear gain has been applied to
the far-end speech signal, thus resulting in a waveform having
increased amplitude and loudness.

FIG. 24 depicts a waveform plot 2400 of a corresponding
output speech signal produced by SIE system 200 when the
ambient background noise has increased to a level such that
amplitude compression is applied to the far-end speech sig-
nal. Amplitude compression is used to allow for application
of the full AVB gain necessary to reach the target SNR with-
out digital saturation or clipping. As shown in plot 2400, to
accommodate the application of an increased AVB gain, the
high-amplitude regions of the far-end speech signal have been
compressed relative to the low-amplitude regions.

FIG. 25 depicts a waveform plot 2500 of a corresponding
output speech signal produced by SIE system 200 when the
amount of amplitude compression applied due to background
noise has increased to such a level that spectral shaping is
applied to the far-end speech signal to preserve intelligibility.
Spectral shaping operates to boost certain formants of the
spectral envelope of the far-end speech signal above the near-
end noise floor to make the far-end speech signal more intel-
ligible. In one embodiment, the second and third formants of
the far-end speech signal are boosted relative to the first
formant since the second and third formants are more impor-
tant from the perspective of speech intelligibility than the first
formant.

A further example of the operation of SIE system 200 will
now be described in reference to waveform plots shown in
FIGS. 26-30. In particular, FIG. 26 is a waveform plot 2600 of
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an exemplary far-end speech signal that may be received over
a communication network and processed by SIE system 200.
FIG. 27 is a waveform plot 2700 of exemplary ambient back-
ground noise present in the environment in which the tele-
phony terminal that includes SIE system 200 is being used.
FIG. 28 is a waveform plot 2800 of an output speech signal
produced by SIE system 200 responsive to processing the
far-end speech signal depicted in plot 2600 of FIG. 26 and the
near-end background noise depicted in plot 2700 of FIG. 27.
As shown in plot 2800, SIE system 200 has boosted the
portions of the far-end speech signal that coincide in time
with the near-end background noise with the intent to achieve
a minimum target far-end speech signal to near-end back-
ground noise ratio.

Assume that a user is using a telephony device that does not
include SIE system 200 to play back the far-end speech signal
plotted in FIG. 26 in the context of the ambient background
noise plotted in FIG. 27. Further assume that the telephony
device includes a single loudspeaker that is housed in an ear
bud which is inserted in the left ear of the user. In accordance
with this example, FIG. 29 depicts a first waveform plot 2902
that represents the audio content presented to the left ear of
the user and a second waveform plot 2904 that represents the
audio content presented to the right ear of the user. As shown
in FIG. 29, the right ear of the user is presented with only the
ambient background noise while the left ear of the user is
presented with the far-end speech signal plus the ambient
background noise in order to simulate and illustrate the expe-
rience of a user in a noisy environment with a telephony
device on the left ear. In this example, much of the far-end
speech will be unintelligible to the user due to the relative
magnitude of the ambient background noise. It is noted that
due to a seal between the ear bud and the left ear of the user,
the magnitude of the ambient background noise presented to
the left ear is less than that presented to the right.

In contrast, now assume that the user is using a telephony
device that does include SIE system 200 to play back the
far-end speech signal plotted in FIG. 26 in the context of the
ambient background noise plotted in FIG. 27. Further assume
that the telephony device includes a single loudspeaker that is
housed in an ear bud which is inserted in the left ear of the
user. In accordance with this example, FIG. 30 depicts a first
waveform plot 3002 that represents the audio content pre-
sented to the left ear of the user and a second waveform plot
3004 that represents the audio content presented to the right
ear of the user. As shown in FIG. 30, the right ear of the user
is presented only the ambient background noise while the left
ear of the user is presented with the SIE processed version of
the far-end speech signal (shown in FIG. 28) plus the ambient
background noise in order to simulate and illustrate the expe-
rience of a user in a noisy environment with an SIE enabled
telephony device on the left ear. In this example, it can be seen
from FIG. 30 how the SIE is able to successfully process the
speech signal so that it stands out from the background noise.
Here again, it is noted that due to a seal between the ear bud
and the left ear of the user, the magnitude of the ambient
background noise presented to the left ear is less than that
presented to the right. It should be noted that duration of the
waveforms in FIG. 26 through FIG. 30 is approximately 9
minutes and 30 seconds, and the two highly noisy segments
are each of approximately 3 minutes duration.

H. Example Computer System Implementations
It will be apparent to persons skilled in the relevant art(s)

that various elements and features of the present invention, as
described herein, may be implemented in hardware using
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analog and/or digital circuits, in software, through the execu-
tion of instructions by one or more general purpose or special-
purpose processors, or as a combination of hardware and
software.

The following description of a general purpose computer
system is provided for the sake of completeness. Embodi-
ments of the present invention can be implemented in hard-
ware, or as a combination of software and hardware. Conse-
quently, embodiments of the invention may be implemented
in the environment of a computer system or other processing
system. An example of such a computer system 3100 is shown
in FIG. 31. All of the signal processing blocks depicted in
FIGS. 2, 3 and 8-12, for example, can execute on one or more
distinct computer systems 3100. Furthermore, all of the steps
of the flowcharts depicted in FIGS. 13-21 can be imple-
mented on one or more distinct computer systems 3100.

Computer system 3100 includes one or more processors,
such as processor 3104. Processor 3104 can be a special
purpose or a general purpose digital signal processor. Proces-
sor 3104 is connected to acommunication infrastructure 3102
(for example, a bus or network). Various software implemen-
tations are described in terms of this exemplary computer
system. After reading this description, it will become appar-
ent to a person skilled in the relevant art(s) how to implement
the invention using other computer systems and/or computer
architectures.

Computer system 3100 also includes a main memory 3106,
preferably random access memory (RAM), and may also
include a secondary memory 3120. Secondary memory 3120
may include, for example, a hard disk drive 3122 and/or a
removable storage drive 3124, representing a floppy disk
drive, a magnetic tape drive, an optical disk drive, or the like.
Removable storage drive 3124 reads from and/or writes to a
removable storage unit 3128 in a well known manner.
Removable storage unit 3128 represents a floppy disk, mag-
netic tape, optical disk, or the like, which is read by and
written to by removable storage drive 3124. As will be appre-
ciated by persons skilled in the relevant art(s), removable
storage unit 3128 includes a computer usable storage medium
having stored therein computer software and/or data.

In alternative implementations, secondary memory 3120
may include other similar means for allowing computer pro-
grams or other instructions to be loaded into computer system
3100. Such means may include, for example, a removable
storage unit 3130 and an interface 3126. Examples of such
means may include a program cartridge and cartridge inter-
face (such as that found in video game devices), a removable
memory chip (such as an EPROM, or PROM) and associated
socket, and other removable storage units 3130 and interfaces
3126 which allow software and data to be transferred from
removable storage unit 3130 to computer system 3100.

Computer system 3100 may also include a communica-
tions interface 3140. Communications interface 3140 allows
software and data to be transferred between computer system
3100 and external devices. Examples of communications
interface 3140 may include a modem, a network interface
(such as an Ethernet card), a communications port, a PCM-
CIA slot and card, etc. Software and data transferred via
communications interface 3140 are in the form of signals
which may be electronic, electromagnetic, optical, or other
signals capable of being received by communications inter-
face 3140. These signals are provided to communications
interface 3140 via a communications path 3142. Communi-
cations path 3142 carries signals and may be implemented
using wire or cable, fiber optics, a phone line, a cellular phone
link, an RF link and other communications channels.
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As used herein, the terms “computer program medium”
and “computer usable medium” are used to generally refer to
media such as removable storage units 3128 and 3130 or a
hard disk installed in hard disk drive 3122. These computer
program products are means for providing software to com-
puter system 3100.

Computer programs (also called computer control logic)
are stored in main memory 3106 and/or secondary memory
3120. Computer programs may also be received via commu-
nications interface 3140. Such computer programs, when
executed, enable the computer system 3100 to implement the
present invention as discussed herein. In particular, the com-
puter programs, when executed, enable processor 3100 to
implement the processes of the present invention, such as any
of'the methods described herein. Accordingly, such computer
programs represent controllers of the computer system 3100.
Where the invention is implemented using software, the soft-
ware may be stored in a computer program product and
loaded into computer system 3100 using removable storage
drive 3124, interface 3126, or communications interface
3140.

In another embodiment, features of the invention are
implemented primarily in hardware using, for example, hard-
ware components such as application-specific integrated cir-
cuits (ASICs) and gate arrays. Implementation of a hardware
state machine so as to perform the functions described herein
will also be apparent to persons skilled in the relevant art(s).

1. Conclusion

While various embodiments of the present invention have
been described above, it should be understood that they have
been presented by way of example, and not limitation. It will
be apparent to persons skilled in the relevant art that various
changes in form and detail can be made therein without
departing from the spirit and scope of the invention. For
example, although embodiments of the present invention are
described herein as operating within the context of a tele-
phony terminal, the present invention is not so limited and
embodiments of the present invention may be implemented in
any device capable of processing an audio signal for playback
in the presence of background noise. Furthermore, the pro-
cessing of an audio signal for playback as described herein
may encompass processing the audio signal for immediate
playback, processing the audio signal for storage followed by
subsequent retrieval and playback, processing the audio sig-
nal for playback by the same device on which such processing
occurs, or processing the audio signal for transmission to and
playback by a different device.

The present invention has been described above with the
aid of functional building blocks and method steps illustrat-
ing the performance of specified functions and relationships
thereof. The boundaries of these functional building blocks
and method steps have been arbitrarily defined herein for the
convenience of the description. Alternate boundaries can be
defined so long as the specified functions and relationships
thereof are appropriately performed. Any such alternate
boundaries are thus within the scope and spirit of the claimed
invention. One skilled in the art will recognize that these
functional building blocks can be implemented by discrete
components, application specific integrated circuits, proces-
sors executing appropriate software and the like or any com-
bination thereof. Thus, the breadth and scope of the present
invention should not be limited by any of the above-described
exemplary embodiments, but should be defined only in accor-
dance with the following claims and their equivalents.
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What is claimed is:
1. A method for updating an amount of gain to be applied to
afirst speech signal received for playback by an audio device,
comprising:
determining whether a second speech signal to be trans-
mitted from the audio device constitutes active speech;

responsive to determining that at least the second speech
signal does not constitute active speech, reducing the
amount of gain in response to an increase in an estimated
level of the first speech signal and increasing the amount
of gain in response to a decrease in the estimated level of
the first speech signal; and

responsive to determining that at least the second speech

signal does constitute active speech, reducing the
amount of gain in response to an increase in the esti-
mated level of the first speech signal and not increasing
the amount of gain in response to a decrease in the
estimated level of the first speech signal.

2. The method of claim 1, further comprising:

updating the estimated level of the first speech signal.

3. The method of claim 2, wherein updating the estimated
level of the first speech signal comprises:

calculating a short-term estimate of the level of the first

speech signal based on a received portion of the first
speech signal; and

updating a long-term estimate of the level of the first

speech signal based on the short-term estimate.

4. The method of claim 1, wherein not increasing the
amount of gain in response to a decrease in the estimated level
of the first speech signal comprises not decreasing the long-
term estimate of the level of the first speech signal responsive
to a decrease in the short-term estimate of the level of the first
speech signal.

5. The method of claim 1, further comprising:

determining whether the first speech signal constitutes a

tone; and

responsive also to determining that the first speech signal

constitutes a tone, reducing the amount of gain in
response to an increase in the estimated level of the first
speech signal and not increasing the amount of gain in
response to a decrease in the estimated level of the first
speech signal.

6. The method of claim 1, further comprising:

determining whether the first speech signal constitutes a

stationary signal; and

responsive also to determining that the first speech signal

constitutes a stationary signal, reducing the amount of
gain in response to an increase in the estimated level of
the first speech signal and not increasing the amount of
gain in response to a decrease in the estimated level of
the first speech signal.

7. The method of claim 1, wherein the first speech signal is
a far-end speech signal.

8. A system, comprising:

a processor; and

a memory containing a program, which, when executed by

the processor, is configured to perform a process config-

ured to:

determine whether a second speech signal to be trans-
mitted from the audio device constitutes active
speech;

responsive to a determination that at least the second
speech signal does not constitute active speech,
reduce the amount of gain in response to an increase in
an estimated level of the first speech signal and
increase the amount of gain in response to a decrease
in the estimated level of the first speech signal; and
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responsive to a determination that at least the second
speech signal does constitute active speech, reduce
the amount of gain in response to an increase in the
estimated level of the first speech signal and not
increase the amount of gain in response to a decrease
in the estimated level of the first speech signal.

9. The system of claim 8, the process further configured to:

update the estimated level of the first speech signal.

10. The system of claim 9, wherein the process is config-
ured to update the estimated level of the first speech signal by:

calculating a short-term estimate of the level of the first

speech signal based on a received portion of the first
speech signal; and

updating a long-term estimate of the level of the first

speech signal based on the short-term estimate.

11. The system of claim 8, wherein the process is config-
ured to not increase the amount of gain in response to a
decrease in the estimated level of the first speech signal by not
decreasing the long-term estimate of the level of the first
speech signal responsive to a decrease in the short-term esti-
mate of the level of the first speech signal.

12. The system of claim 8, the process further configured
to:

determine whether the first speech signal constitutes a

tone; and

responsive also to a determination that the first speech

signal constitutes a tone, reduce the amount of gain in
response to an increase in the estimated level of the first
speech signal and not increase the amount of gain in
response to a decrease in the estimated level of the first
speech signal.

13. The system of claim 8, the process further configured
to:

determine whether the first speech signal constitutes a sta-

tionary signal; and

responsive also to a determination that the first speech

signal constitutes a stationary signal, reduce the amount
of gain in response to an increase in the estimated level
of'the first speech signal and not increase the amount of
gain in response to a decrease in the estimated level of
the first speech signal.

14. The system of claim 8, wherein the first speech signal is
a far-end speech signal.

15. A computer program product comprising a non-transi-
tory computer-readable medium having computer program
logic recorded thereon for updating an amount of gain to be
applied to a first speech signal received for playback by an
audio device according to a method that comprises:

determining whether a second speech signal to be trans-

mitted from the audio device constitutes active speech;
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responsive to determining that at least the second speech
signal does not constitute active speech, reducing the
amount of gain in response to an increase in an estimated
level of the first speech signal and increasing the amount
of gain in response to a decrease in the estimated level of
the first speech signal; and

responsive to determining that at least the second speech

signal does constitute active speech, reducing the
amount of gain in response to an increase in the esti-
mated level of the first speech signal and not increasing
the amount of gain in response to a decrease in the
estimated level of the first speech signal.

16. The computer program product of claim 15, the method
further comprising:

updating the estimated level of the first speech signal.

17. The computer program product of claim 16, wherein
updating the estimated level of the first speech signal com-
prises:

calculating a short-term estimate of the level of the first

speech signal based on a received portion of the first
speech signal; and

updating a long-term estimate of the level of the first

speech signal based on the short-term estimate.

18. The computer program product of claim 15, wherein
not increasing the amount of gain in response to a decrease in
the estimated level of the first speech signal comprises not
decreasing the long-term estimate of the level of the first
speech signal responsive to a decrease in the short-term esti-
mate of the level of the first speech signal.

19. The computer program product of claim 15, the method
further comprising:

determining whether the first speech signal constitutes a

tone; and

responsive also to determining that the first speech signal

constitutes a tone, reducing the amount of gain in
response to an increase in the estimated level of the first
speech signal and not increasing the amount of gain in
response to a decrease in the estimated level of the first
speech signal.

20. The computer program product of claim 15, the method
further comprising:

determining whether the first speech signal constitutes a

stationary signal; and

responsive also to determining that the first speech signal

constitutes a stationary signal, reducing the amount of
gain in response to an increase in the estimated level of
the first speech signal and not increasing the amount of
gain in response to a decrease in the estimated level of
the first speech signal.

#* #* #* #* #*
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